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Preface

Remote sensing is the acquisition of information of an object or phenomenon, by the use 
of either recording or real-time sensing device(s), that is not in physical or intimate contact 
with the object (such as by way of aircraft, spacecraft, satellite, buoy, or ship). In practice, 
remote sensing is the stand-off collection through the use of a variety of devices for gathering 
information on a given object or area. Human existence is dependent on our ability to 
understand, utilize, manage and maintain the environment we live in - Geoscience is the 
science that seeks to achieve these goals. This book is a collection of contributions from 
world-class scientists, engineers and educators engaged in the fields of geoscience and remote 
sensing. The content of the book includes selected topics covering instrumentation (SAR, 
lidar, and radar), and remote sensing techniques to study atmospheric air quality and clouds, 
oceanography, in-land lake water quality and sea ice, soil moisture, vegetation mapping, and 
earthquake damage. In also includes several chapters on web tools for GIS applications, and 
the use of UAVs for low cost remote sensing studies. This book provides a particularly good 
way for experts in one aspect of the field to learn about advances made by their colleagues 
with different research interests and for students to broaden their exposure to the topic area..

Maurizio A. Strangio
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1. Introduction 
 

Decision tree (DT) is one way to represent rules underlying data. It is the most popular tool 
for exploring complex data structures. Besides that it has become one of the most flexible, 
intuitive and powerful data analytic tools for determining distinct prognostic subgroups 
with similar outcome within each subgroup but different outcomes between the subgroups 
(i.e., prognostic grouping of patients). It is hierarchical, sequential classification structures 
that recursively partition the set of observations.  Prognostic groups are important in 
assessing disease heterogeneity and for design and stratification of future clinical trials. 
Because patterns of medical treatment are changing so rapidly, it is important that the 
results of the present analysis be applicable to contemporary patients.  
Due to their mathematical simplicity, linear regression for continuous data, logistic 
regression for binary data, proportional hazard regression for censored survival data, 
marginal and frailty regression for multivariate survival data, and proportional 
subdistribution hazard regression for competing risks data are among the most commonly 
used statistical methods. These parametric and semiparametric regression methods, 
however, may not lead to faithful data descriptions when the underlying assumptions are 
not satisfied. Sometimes, model interpretation can be problematic in the presence of high-
order interactions among predictors.  
DT has evolved to relax or remove the restrictive assumptions. In many cases, DT is used to 
explore data structures and to derive parsimonious models.  DT is selected to analyze the 
data rather than the traditional regression analysis for several reasons. Discovery of 
interactions is difficult using traditional regression, because the interactions must be 
specified a priori. In contrast, DT automatically detects important interactions. Furthermore, 
unlike traditional regression analysis, DT is useful in uncovering variables that may be 
largely operative within a specific patient subgroup but may have minimal effect or none in 
other patient subgroups. Also, DT provides a superior means for prognostic classification. 
Rather than fitting a model to the data, DT sequentially divides the patient group into two 
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subgroups based on prognostic factor values (e.g., tumor size < 2 cm vs tumor size  2 cm). 
The repeated partitioning creates “bins” of observations that are approximately 
homogeneous. This permits the use of some summary functions (e.g., Kaplan-Meier or 
cumulative incidence function (CIF)) to compare prognosis between the “bins.” The 
combination of binning and the interpretability of the resulting tree structure make DT 
extremely well suited for developing prognostic stratifications.  
The landmark work of DT in statistical community is the Classification and Regression Trees 
(CART) methodology of Breiman et al. (1984). A different approach was C4.5 proposed by 
Quinlan (1993). Original DT method was used in classification and regression for categorical 
and continuous response variable, respectively. In a clinical setting, however, the outcome 
of primary interest is often duration of survival, time to event, or some other incomplete 
(that is, censored) outcome. Therefore, several authors have developed extensions of 
original DT in the setting of censored survival data (Banerjee & Noone, 2008).  
In science and technology, interest often lies in studying processes which generate events 
repeatedly over time. Such processes are referred to as recurrent event processes and the 
data they provide are called recurrent event data which includes in multivariate survival 
data. Such data arise frequently in medical studies, where information is often available on 
many individuals, each of whom may experience transient clinical events repeatedly over a 
period of observation. Examples include the occurrence of asthma attacks in respirology 
trials, epileptic seizures in neurology studies, and fractures in osteoporosis studies. In 
business, examples include the filing of warranty claims on automobiles, or insurance claims 
for policy holders. Since multivariate survival times frequently arise when individuals 
under observation are naturally clustered or when each individual might experience 
multiple events, then further extensions of DT are developed for such kind of data.  
In some studies, patients may be simultaneously exposed to several events, each competing 
for their mortality or morbidity. For example, suppose that a group of patients diagnosed 
with heart disease is followed in order to observe a myocardial infarction (MI). If by the end 
of the study each patient was either observed to have MI or was alive and well, then the 
usual survival techniques can be applied. In real life, however, some patients may die from 
other causes before experiencing an MI. This is a competing risks situation because death 
from other causes prohibits the occurrence of MI. MI is considered the event of interest, 
while death from other causes is considered a competing risk. The group of patients’ dead of 
other causes cannot be considered censored, since their observations are not incomplete. 
The extension of DT can also be employed for competing risks survival time data. These 
extensions can make one apply the technique to clinical trial data to aid in the development 
of prognostic classifications for chronic diseases. 
This chapter will cover DT for multivariate and competing risks survival time data as well 
as their application in the development of medical prognosis. Two kinds of multivariate 
survival time regression model, i.e. marginal and frailty regression model, have their own 
DT extensions. Whereas, the extension of DT for competing risks has two types of tree. First, 
the “single event” DT is developed based on splitting function using one event only. 
Second, the “composite events” tree which use all the events jointly.  

 
 
 

 

2. Decision Tree 
 

A DT is a tree-like structure used for classification, decision theory, clustering, and 
prediction functions. It depicts rules for dividing data into groups based on the regularities 
in the data. A DT can be used for categorical and continuous response variables. When the 
response variables are continuous, the DT is often referred to as a regression tree. If the 
response variables are categorical, it is called a classification tree. However, the same 
concepts apply to both types of trees. DTs are widely used in computer science for data 
structures, in medical sciences for diagnosis, in botany for classification, in psychology for 
decision theory, and in economic analysis for evaluating investment alternatives.  
DTs learn from data and generate models containing explicit rule-like relationships among 
the variables. DT algorithms begin with the entire set of data, split the data into two or more 
subsets by testing the value of a predictor variable, and then repeatedly split each subset 
into finer subsets until the split size reaches an appropriate level. The entire modeling 
process can be illustrated in a tree-like structure. 
A DT model consists of two parts: creating the tree and applying the tree to the data. To 
achieve this, DTs use several different algorithms. The most popular algorithm in the 
statistical community is Classification and Regression Trees (CART) (Breiman et al., 1984). 
This algorithm helps DTs gain credibility and acceptance in the statistics community. It 
creates binary splits on nominal or interval predictor variables for a nominal, ordinal, or 
interval response. The most widely-used algorithms by computer scientists are ID3, C4.5, 
and C5.0 (Quinlan, 1993). The first version of C4.5 and C5.0 were limited to categorical 
predictors; however, the most recent versions are similar to CART. Other algorithms include 
Chi-Square Automatic Interaction Detection (CHAID) for categorical response (Kass, 1980), 
CLS, AID, TREEDISC, Angoss KnowledgeSEEKER, CRUISE, GUIDE and QUEST (Loh, 
2008). These algorithms use different approaches for splitting variables. CART, CRUISE, 
GUIDE and QUEST use the statistical approach, while CLS, ID3, and C4.5 use an approach 
in which the number of branches off an internal node is equal to the number of possible 
categories. Another common approach, used by AID, CHAID, and TREEDISC, is the one in 
which the number of nodes on an internal node varies from two to the maximum number of 
possible categories. Angoss KnowledgeSEEKER uses a combination of these approaches. 
Each algorithm employs different mathematical processes to determine how to group and 
rank variables. 
Let us illustrate the DT method in a simplified example of credit evaluation. Suppose a 
credit card issuer wants to develop a model that can be used for evaluating potential 
candidates based on its historical customer data. The company's main concern is the default 
of payment by a cardholder. Therefore, the model should be able to help the company 
classify a candidate as a possible defaulter or not. The database may contain millions of 
records and hundreds of fields. A fragment of such a database is shown in Table 1. The 
input variables include income, age, education, occupation, and many others, determined by 
some quantitative or qualitative methods. The model building process is illustrated in the 
tree structure in Figure 1. 
The DT algorithm first selects a variable, income, to split the dataset into two subsets. This 
variable, and also the splitting value of $31,000, is selected by a splitting criterion of the 
algorithm. There exists many splitting criteria (Mingers, 1989). The basic principle of these 
criteria is that they all attempt to divide the data into clusters such that variations within 
each  cluster  are minimized  and variations between the clusters are maximized. The follow 
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This algorithm helps DTs gain credibility and acceptance in the statistics community. It 
creates binary splits on nominal or interval predictor variables for a nominal, ordinal, or 
interval response. The most widely-used algorithms by computer scientists are ID3, C4.5, 
and C5.0 (Quinlan, 1993). The first version of C4.5 and C5.0 were limited to categorical 
predictors; however, the most recent versions are similar to CART. Other algorithms include 
Chi-Square Automatic Interaction Detection (CHAID) for categorical response (Kass, 1980), 
CLS, AID, TREEDISC, Angoss KnowledgeSEEKER, CRUISE, GUIDE and QUEST (Loh, 
2008). These algorithms use different approaches for splitting variables. CART, CRUISE, 
GUIDE and QUEST use the statistical approach, while CLS, ID3, and C4.5 use an approach 
in which the number of branches off an internal node is equal to the number of possible 
categories. Another common approach, used by AID, CHAID, and TREEDISC, is the one in 
which the number of nodes on an internal node varies from two to the maximum number of 
possible categories. Angoss KnowledgeSEEKER uses a combination of these approaches. 
Each algorithm employs different mathematical processes to determine how to group and 
rank variables. 
Let us illustrate the DT method in a simplified example of credit evaluation. Suppose a 
credit card issuer wants to develop a model that can be used for evaluating potential 
candidates based on its historical customer data. The company's main concern is the default 
of payment by a cardholder. Therefore, the model should be able to help the company 
classify a candidate as a possible defaulter or not. The database may contain millions of 
records and hundreds of fields. A fragment of such a database is shown in Table 1. The 
input variables include income, age, education, occupation, and many others, determined by 
some quantitative or qualitative methods. The model building process is illustrated in the 
tree structure in Figure 1. 
The DT algorithm first selects a variable, income, to split the dataset into two subsets. This 
variable, and also the splitting value of $31,000, is selected by a splitting criterion of the 
algorithm. There exists many splitting criteria (Mingers, 1989). The basic principle of these 
criteria is that they all attempt to divide the data into clusters such that variations within 
each  cluster  are minimized  and variations between the clusters are maximized. The follow 
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subgroups based on prognostic factor values (e.g., tumor size < 2 cm vs tumor size  2 cm). 
The repeated partitioning creates “bins” of observations that are approximately 
homogeneous. This permits the use of some summary functions (e.g., Kaplan-Meier or 
cumulative incidence function (CIF)) to compare prognosis between the “bins.” The 
combination of binning and the interpretability of the resulting tree structure make DT 
extremely well suited for developing prognostic stratifications.  
The landmark work of DT in statistical community is the Classification and Regression Trees 
(CART) methodology of Breiman et al. (1984). A different approach was C4.5 proposed by 
Quinlan (1993). Original DT method was used in classification and regression for categorical 
and continuous response variable, respectively. In a clinical setting, however, the outcome 
of primary interest is often duration of survival, time to event, or some other incomplete 
(that is, censored) outcome. Therefore, several authors have developed extensions of 
original DT in the setting of censored survival data (Banerjee & Noone, 2008).  
In science and technology, interest often lies in studying processes which generate events 
repeatedly over time. Such processes are referred to as recurrent event processes and the 
data they provide are called recurrent event data which includes in multivariate survival 
data. Such data arise frequently in medical studies, where information is often available on 
many individuals, each of whom may experience transient clinical events repeatedly over a 
period of observation. Examples include the occurrence of asthma attacks in respirology 
trials, epileptic seizures in neurology studies, and fractures in osteoporosis studies. In 
business, examples include the filing of warranty claims on automobiles, or insurance claims 
for policy holders. Since multivariate survival times frequently arise when individuals 
under observation are naturally clustered or when each individual might experience 
multiple events, then further extensions of DT are developed for such kind of data.  
In some studies, patients may be simultaneously exposed to several events, each competing 
for their mortality or morbidity. For example, suppose that a group of patients diagnosed 
with heart disease is followed in order to observe a myocardial infarction (MI). If by the end 
of the study each patient was either observed to have MI or was alive and well, then the 
usual survival techniques can be applied. In real life, however, some patients may die from 
other causes before experiencing an MI. This is a competing risks situation because death 
from other causes prohibits the occurrence of MI. MI is considered the event of interest, 
while death from other causes is considered a competing risk. The group of patients’ dead of 
other causes cannot be considered censored, since their observations are not incomplete. 
The extension of DT can also be employed for competing risks survival time data. These 
extensions can make one apply the technique to clinical trial data to aid in the development 
of prognostic classifications for chronic diseases. 
This chapter will cover DT for multivariate and competing risks survival time data as well 
as their application in the development of medical prognosis. Two kinds of multivariate 
survival time regression model, i.e. marginal and frailty regression model, have their own 
DT extensions. Whereas, the extension of DT for competing risks has two types of tree. First, 
the “single event” DT is developed based on splitting function using one event only. 
Second, the “composite events” tree which use all the events jointly.  
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prediction functions. It depicts rules for dividing data into groups based on the regularities 
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response variables are continuous, the DT is often referred to as a regression tree. If the 
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concepts apply to both types of trees. DTs are widely used in computer science for data 
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categories. Another common approach, used by AID, CHAID, and TREEDISC, is the one in 
which the number of nodes on an internal node varies from two to the maximum number of 
possible categories. Angoss KnowledgeSEEKER uses a combination of these approaches. 
Each algorithm employs different mathematical processes to determine how to group and 
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up splits are similar to the first one. The process continues until an appropriate tree size is 
reached. Figure 1 shows a segment of the DT. Based on this tree model, a candidate with 
income at least $31,000 and at least college degree is unlikely to default the payment; but a 
self-employed candidate whose income is less than $31,000 and age is less than 28 is more 
likely to default. 
 

Name Age Income Education Occupation ... Default 
Andrew 42 45600 College Manager ... No 
Allison 26 29000 High School Self Owned ... Yes 
Sabrina 58 36800 High School Clerk ... No 
Andy 35 37300 College Engineer ... No 
… ... ... ... ... ... ... 

Table 1. Partial records and fields of a database table for credit evaluation 
 

≥ 31,000< 31,000

≥ 28< 28

income

... no 
default

age education

< college  college

ocupation income

self-owned not self-owned < 32,000 ≥ 32,000

default ... ... ...
 

Fig. 1. The decision tree for the credit evaluation example 
 
We begin with a discussion of the general structure of a popular DT algorithm in statistical 
community, i.e. CART model. A CART model describes the conditional distribution of y 
given X, where y is the response variable and X is a set of predictor variables (X = 
(X1,X2,…,Xp)). This model has two main components: a tree T with b terminal nodes, and a 
parameter  = (1,2,…, b)  Rk which associates the parameter values m, with the mth 
terminal node. Thus a tree model is fully specified by the pair (T, ). If X lies in the region 
corresponding to the mth terminal node then y|X has the distribution f(y|m), where we use f 
to represent a conditional distribution indexed by m. The model is called a regression tree 
or a classification tree according to whether the response y is quantitative or qualitative, 
respectively. 

 
2.1 Splitting a tree 
The DT T subdivides the predictor variable space as follows. Each internal node has an 
associated splitting rule which uses a predictor to assign observations to either its left or 

 

right child node. The internal nodes are thus partitioned into two subsequent nodes using 
the splitting rule. For quantitative predictors, the splitting rule is based on a split rule c, and 
assigns observations for which {xi < c} or {xi  c} to the left or right child node respectively. 
For qualitative predictors, the splitting rule is based on a category subset C, and assigns 
observations for which {xi  C} or {xi  C} to the left or right child node, respectively. 
For a regression tree, conventional algorithm models the response in each region Rm as a 
constant m. Thus the overall tree model can be expressed as (Hastie et al., 2001):  
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which will serve as an impurity measure for regression trees. 
If the response is a factor taking outcomes 1,2,...,K, the impurity measure Qm(T), defined in 
(3) is not suitable. Instead, we represent a region Rm with Nm observations with 
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observations in node m to a class   mkk pmk ˆmaxarg , the majority class in node m. Different 
measures Qm(T) of node impurity include the following (Hastie et al., 2001): 
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where Nm is the number of observations falling in node m. The residual sum of squares is 
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which will serve as an impurity measure for regression trees. 
If the response is a factor taking outcomes 1,2,...,K, the impurity measure Qm(T), defined in 
(3) is not suitable. Instead, we represent a region Rm with Nm observations with 
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which is the proportion of class k(k  {1, 2,…,K}) observations in node m. We classify the 
observations in node m to a class   mkk pmk ˆmaxarg , the majority class in node m. Different 
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For  binary  outcomes,  if  p  is  the  proportion of the second class, these three measures are 
1  max(p, 1  p), 2p(1  p) and p log p  (1  p) log(1  p), respectively. 
All three definitions of impurity are concave, having minimums at p = 0 and p = 1 and a 
maximum at p = 0.5. Entropy and the Gini index are the most common, and generally give 
very similar results except when there are two response categories. 

 
2.2 Pruning a tree 
To be consistent with conventional notations, let's define the impurity of a node h as I(h) ((3) 
for a regression tree, and any one in (5) for a classification tree). We then choose the split  
with maximal impurity reduction  
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where hL and hR are the left and right children nodes of h and p(h) is proportion of sample 
that falls in node h. 
How large should we grow the tree then? Clearly a very large tree might overfit the data, 
while a small tree may not be able to capture the important structure. Tree size is a tuning 
parameter governing the model's complexity, and the optimal tree size should be adaptively 
chosen from the data. One approach would be to continue the splitting procedures until the 
decrease on impurity due to the split exceeds some threshold. This strategy is too short-
sighted, but however, a seeming worthless split might lead to a very good split below it. 
The preferred strategy is to grow a large tree T0, stopping the splitting process when some 
minimum number of observations in a terminal node (say 10) is reached. Then this large tree 
is pruned using pruning algorithm, such as cost-complexity or split complexity pruning 
algorithm. 
To prune large tree T0 by using cost-complexity algorithm, we define a subtree T   T0 to be 
any tree that can be obtained by pruning T0, and define T~  to be the set of terminal nodes of 
T. That is, collapsing any number of its terminal nodes. As before, we index terminal nodes 
by m, with node m representing region Rm. Let |~|T  denotes the number of terminal nodes in 

T ( |~|T = b). We use |~|T  instead of b following the "conventional" notation and define the 
risk of trees and define cost of tree as 
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where r(h) measures the impurity of node h in a classification tree (can be any one in (5)). 
We define the cost complexity criterion (Breiman et al., 1984) 
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where (> 0) is the complexity parameter. The idea is, for each , find the subtree T   T0 to  

 

minimize R(T). The tuning parameter  > 0 "governs the tradeoff between tree size and its 
goodness of fit to the data" (Hastie et al., 2001). Large values of  result in smaller tree T 
and conversely for smaller values of . As the notation suggests, with  = 0 the solution is 
the full tree T0. 
To find T we use weakest link pruning: we successively collapse the internal node that 
produces the smallest per-node increase in R(T), and continue until we produce the single-
node (root) tree. This gives a (finite) sequence of subtrees, and one can show this sequence 
must contain T , see Breiman et al. (1984) and Ripley (1996) for details. Estimation of  ( ̂ ) 
is achieved by five- or ten-fold cross-validation. Our final tree is then denoted as ̂T . 
It follows that, in CART and related algorithms, classification and regression trees are 
produced from data in two stages. In the first stage, a large initial tree is produced by 
splitting one node at a time in an iterative, greedy fashion. In the second stage, a small 
subtree of the initial tree is selected, using the same data set. Whereas the splitting 
procedure proceeds in a top-down fashion, the second stage, known as pruning, proceeds 
from the bottom-up by successively removing nodes from the initial tree. 
Theorem 1 (Brieman et al., 1984, Section 3.3) For any value of the complexity parameter , there 
is a unique smallest subtree of T0 that minimizes the cost-complexity. 
Theorem 2 (Zhang & Singer, 1999, Section 4.2) If 2 > l, the optimal sub-tree corresponding to 
2 is a subtree of the optimal subtree corresponding to l. 
More general, suppose we end up with m thresholds, 0 < l < 2 < … < m and let 0= 0. 
Also, let corresponding optimal subtrees be  mTTTT  ,...,,, 210

, then  
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where 10  TT  means that 1T  is a subtree of 

0
T . These are called nested optimal subtrees. 

 
3. Decision Tree for Censored Survival Data 
 

Survival analysis is the phrase used to describe the analysis of data that correspond to the 
time from a well-defined time origin until the occurrence of some particular events or end-
points. It is important to state what the event is and when the period of observation starts 
and finish. In medical research, the time origin will often correspond to the recruitment of 
an individual into an experimental study, and the end-point is the death of the patient or the 
occurrence of some adverse events. Survival data are rarely normally distributed, but are 
skewed and comprise typically of many early events and relatively few late ones. It is these 
features of the data that necessitate the special method survival analysis.  
The specific difficulties relating to survival analysis arise largely from the fact that only 
some individuals have experienced the event and, subsequently, survival times will be 
unknown for a subset of the study group. This phenomenon is called censoring and it may 
arise in the following ways: (a) a patient has not (yet) experienced the relevant outcome, 
such as relapse or death, by the time the study has to end; (b) a patient is lost to follow-up 
during the study period; (c) a patient experiences a different event that makes further 
follow-up impossible. Generally, censoring times may vary from individual to individual. 
Such censored survival time underestimated the true (but unknown) time to event. 
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Visualising the survival process of an individual as a time-line, the event (assuming it is to 
occur) is beyond the end of the follow-up period. This situation is often called right 
censoring. Most survival data include right censored observation.  
In many biomedical and reliability studies, interest focuses on relating the time to event to a 
set of covariates. Cox proportional hazard model (Cox, 1972) has been established as the 
major framework for analysis of such survival data over the past three decades. But, often in 
practices, one primary goal of survival analysis is to extract meaningful subgroups of 
patients determined by the prognostic factors such as patient characteristics that are related 
to the level of disease. Although proportional hazard model and its extensions are powerful 
in studying the association between covariates and survival times, usually they are 
problematic in prognostic classification. One approach for classification is to compute a risk 
score based on the estimated coefficients from regression methods (Machin et al., 2006). This 
approach, however, may be problematic for several reasons. First, the definition of risk 
groups is arbitrary. Secondly, the risk score depends on the correct specification of the 
model. It is difficult to check whether the model is correct when many covariates are 
involved. Thirdly, when there are many interaction terms and the model becomes 
complicated, the result becomes difficult to interpret for the purpose of prognostic 
classification. Finally, a more serious problem is that an invalid prognostic group may be 
produced if no patient is included in a covariate profile. In contrast, DT methods do not 
suffer from these problems.  
Owing to the development of fast computers, computer-intensive methods such as DT 
methods have become popular. Since these investigate the significance of all potential risk 
factors automatically and provide interpretable models, they offer distinct advantages to 
analysts. Recently a large amount of DT methods have been developed for the analysis of 
survival data, where the basic concepts for growing and pruning trees remain unchanged, 
but the choice of the splitting criterion has been modified to incorporate the censored 
survival data. The application of DT methods for survival data are described by a number of 
authors (Gordon & Olshen, 1985; Ciampi et al., 1986; Segal, 1988; Davis & Anderson, 1989; 
Therneau et al., 1990; LeBlanc & Crowley, 1992; LeBlanc & Crowley, 1993; Ahn & Loh, 1994; 
Bacchetti & Segal, 1995; Huang et al., 1998; Keleş & Segal, 2002; Jin et al., 2004; Cappelli & 
Zhang, 2007; Cho & Hong, 2008), including the text by Zhang & Singer (1999).  

 
4. Decision Tree for Multivariate Censored Survival Data 
 

Multivariate survival data frequently arise when we faced the complexity of studies 
involving multiple treatment centres, family members and measurements repeatedly made 
on the same individual. For example, in multi-centre clinical trials, the outcomes for groups 
of patients at several centres are examined. In some instances, patients in a centre might 
exhibit similar responses due to uniformity of surroundings and procedures within a centre. 
This would result in correlated outcomes at the level of the treatment centre. For the 
situation of studies of family members or litters, correlation in outcome is likely for genetic 
reasons. In this case, the outcomes would be correlated at the family or litter level. Finally, 
when one person or animal is measured repeatedly over time, correlation will most 
definitely exist in those responses. Within the context of correlated data, the observations 
which are correlated for a group of individuals (within a treatment centre or a family) or for 

 

one individual (because of repeated sampling) are referred to as a cluster, so that from this 
point on, the responses within a cluster will be assumed to be correlated. 
Analysis of multivariate survival data is complex due to the presence of dependence among 
survival times and unknown marginal distributions. Multivariate survival times frequently 
arise when individuals under observation are naturally clustered or when each individual 
might experience multiple events. A successful treatment of correlated failure times was 
made by Clayton and Cuzik (1985) who modelled the dependence structure with a frailty 
term. Another approach is based on a proportional hazard formulation of the marginal 
hazard function, which has been studied by Wei et al. (1989) and Liang et al. (1993). 
Noticeably, Prentice et al. (1981) and Andersen & Gill (1982) also suggested two alternative 
approaches to analyze multiple event times.  
Extension of tree techniques to multivariate censored data is motivated by the classification 
issue associated with multivariate survival data. For example, clinical investigators design 
studies to form prognostic rules. Credit risk analysts collect account information to build up 
credit scoring criteria. Frequently, in such studies the outcomes of ultimate interest are 
correlated times to event, such as relapses, late payments, or bankruptcies. Since DT 
methods recursively partition the predictor space, they are an alternative to conventional 
regression tools. 
This section is concerned with the generalization of DT models to multivariate survival data. 
In attempt to facilitate an extension of DT methods to multivariate survival data, more 
difficulties need to be circumvented.  

 
4.1 Decision tree for multivariate survival data based on marginal model 
DT methods for multivariate survival data are not many. Almost all the multivariate DT 
methods have been based on between-node heterogeneity, with the exception of Molinaro et 
al. (2004) who proposed a general within-node homogeneity approach for both univariate 
and multivariate data. The multivariate methods proposed by Su & Fan (2001, 2004) and 
Gao et al. (2004, 2006) concentrated on between-node heterogeneity and used the results of 
regression models. Specifically, for recurrent event data and clustered event data, Su & Fan 
(2004) used likelihood-ratio tests while Gao et al. (2004) used robust Wald tests from a 
gamma frailty model to maximize the between-node heterogeneity. Su & Fan (2001) and Fan 
et al. (2006) used a robust log-rank statistic while Gao et al. (2006) used a robust Wald test 
from the marginal failure-time model of Wei et al. (1989).  
The generalization of DT for multivariate survival data is developed by using goodness of 
split approach. DT by goodness of split is grown by maximizing a measure of between-node 
difference. Therefore, only internal nodes have associated two-sample statistics. The tree 
structure is different from CART because, for trees grown by minimizing within-node error, 
each node, either terminal or internal, has an associated impurity measure. This is why the 
CART pruning procedure is not directly applicable to such types of trees. However, the 
split-complexity pruning algorithm of LeBlanc & Crowley (1993) has resulted in trees by 
goodness of split that has become well-developed tools.  
This modified tree technique not only provides a convenient way of handling survival data, 
but also enlarges the applied scope of DT methods in a more general sense. This is especially 
for those situations where defining prediction error terms is relatively difficult, so growing 
trees by a two-sample statistic, together with the split-complexity pruning, offers a feasible 
way of performing tree analysis. 
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Visualising the survival process of an individual as a time-line, the event (assuming it is to 
occur) is beyond the end of the follow-up period. This situation is often called right 
censoring. Most survival data include right censored observation.  
In many biomedical and reliability studies, interest focuses on relating the time to event to a 
set of covariates. Cox proportional hazard model (Cox, 1972) has been established as the 
major framework for analysis of such survival data over the past three decades. But, often in 
practices, one primary goal of survival analysis is to extract meaningful subgroups of 
patients determined by the prognostic factors such as patient characteristics that are related 
to the level of disease. Although proportional hazard model and its extensions are powerful 
in studying the association between covariates and survival times, usually they are 
problematic in prognostic classification. One approach for classification is to compute a risk 
score based on the estimated coefficients from regression methods (Machin et al., 2006). This 
approach, however, may be problematic for several reasons. First, the definition of risk 
groups is arbitrary. Secondly, the risk score depends on the correct specification of the 
model. It is difficult to check whether the model is correct when many covariates are 
involved. Thirdly, when there are many interaction terms and the model becomes 
complicated, the result becomes difficult to interpret for the purpose of prognostic 
classification. Finally, a more serious problem is that an invalid prognostic group may be 
produced if no patient is included in a covariate profile. In contrast, DT methods do not 
suffer from these problems.  
Owing to the development of fast computers, computer-intensive methods such as DT 
methods have become popular. Since these investigate the significance of all potential risk 
factors automatically and provide interpretable models, they offer distinct advantages to 
analysts. Recently a large amount of DT methods have been developed for the analysis of 
survival data, where the basic concepts for growing and pruning trees remain unchanged, 
but the choice of the splitting criterion has been modified to incorporate the censored 
survival data. The application of DT methods for survival data are described by a number of 
authors (Gordon & Olshen, 1985; Ciampi et al., 1986; Segal, 1988; Davis & Anderson, 1989; 
Therneau et al., 1990; LeBlanc & Crowley, 1992; LeBlanc & Crowley, 1993; Ahn & Loh, 1994; 
Bacchetti & Segal, 1995; Huang et al., 1998; Keleş & Segal, 2002; Jin et al., 2004; Cappelli & 
Zhang, 2007; Cho & Hong, 2008), including the text by Zhang & Singer (1999).  
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Multivariate survival data frequently arise when we faced the complexity of studies 
involving multiple treatment centres, family members and measurements repeatedly made 
on the same individual. For example, in multi-centre clinical trials, the outcomes for groups 
of patients at several centres are examined. In some instances, patients in a centre might 
exhibit similar responses due to uniformity of surroundings and procedures within a centre. 
This would result in correlated outcomes at the level of the treatment centre. For the 
situation of studies of family members or litters, correlation in outcome is likely for genetic 
reasons. In this case, the outcomes would be correlated at the family or litter level. Finally, 
when one person or animal is measured repeatedly over time, correlation will most 
definitely exist in those responses. Within the context of correlated data, the observations 
which are correlated for a group of individuals (within a treatment centre or a family) or for 
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This modified tree technique not only provides a convenient way of handling survival data, 
but also enlarges the applied scope of DT methods in a more general sense. This is especially 
for those situations where defining prediction error terms is relatively difficult, so growing 
trees by a two-sample statistic, together with the split-complexity pruning, offers a feasible 
way of performing tree analysis. 



Recent Advances in Technologies8

 

Visualising the survival process of an individual as a time-line, the event (assuming it is to 
occur) is beyond the end of the follow-up period. This situation is often called right 
censoring. Most survival data include right censored observation.  
In many biomedical and reliability studies, interest focuses on relating the time to event to a 
set of covariates. Cox proportional hazard model (Cox, 1972) has been established as the 
major framework for analysis of such survival data over the past three decades. But, often in 
practices, one primary goal of survival analysis is to extract meaningful subgroups of 
patients determined by the prognostic factors such as patient characteristics that are related 
to the level of disease. Although proportional hazard model and its extensions are powerful 
in studying the association between covariates and survival times, usually they are 
problematic in prognostic classification. One approach for classification is to compute a risk 
score based on the estimated coefficients from regression methods (Machin et al., 2006). This 
approach, however, may be problematic for several reasons. First, the definition of risk 
groups is arbitrary. Secondly, the risk score depends on the correct specification of the 
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produced if no patient is included in a covariate profile. In contrast, DT methods do not 
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of patients at several centres are examined. In some instances, patients in a centre might 
exhibit similar responses due to uniformity of surroundings and procedures within a centre. 
This would result in correlated outcomes at the level of the treatment centre. For the 
situation of studies of family members or litters, correlation in outcome is likely for genetic 
reasons. In this case, the outcomes would be correlated at the family or litter level. Finally, 
when one person or animal is measured repeatedly over time, correlation will most 
definitely exist in those responses. Within the context of correlated data, the observations 
which are correlated for a group of individuals (within a treatment centre or a family) or for 

 

one individual (because of repeated sampling) are referred to as a cluster, so that from this 
point on, the responses within a cluster will be assumed to be correlated. 
Analysis of multivariate survival data is complex due to the presence of dependence among 
survival times and unknown marginal distributions. Multivariate survival times frequently 
arise when individuals under observation are naturally clustered or when each individual 
might experience multiple events. A successful treatment of correlated failure times was 
made by Clayton and Cuzik (1985) who modelled the dependence structure with a frailty 
term. Another approach is based on a proportional hazard formulation of the marginal 
hazard function, which has been studied by Wei et al. (1989) and Liang et al. (1993). 
Noticeably, Prentice et al. (1981) and Andersen & Gill (1982) also suggested two alternative 
approaches to analyze multiple event times.  
Extension of tree techniques to multivariate censored data is motivated by the classification 
issue associated with multivariate survival data. For example, clinical investigators design 
studies to form prognostic rules. Credit risk analysts collect account information to build up 
credit scoring criteria. Frequently, in such studies the outcomes of ultimate interest are 
correlated times to event, such as relapses, late payments, or bankruptcies. Since DT 
methods recursively partition the predictor space, they are an alternative to conventional 
regression tools. 
This section is concerned with the generalization of DT models to multivariate survival data. 
In attempt to facilitate an extension of DT methods to multivariate survival data, more 
difficulties need to be circumvented.  

 
4.1 Decision tree for multivariate survival data based on marginal model 
DT methods for multivariate survival data are not many. Almost all the multivariate DT 
methods have been based on between-node heterogeneity, with the exception of Molinaro et 
al. (2004) who proposed a general within-node homogeneity approach for both univariate 
and multivariate data. The multivariate methods proposed by Su & Fan (2001, 2004) and 
Gao et al. (2004, 2006) concentrated on between-node heterogeneity and used the results of 
regression models. Specifically, for recurrent event data and clustered event data, Su & Fan 
(2004) used likelihood-ratio tests while Gao et al. (2004) used robust Wald tests from a 
gamma frailty model to maximize the between-node heterogeneity. Su & Fan (2001) and Fan 
et al. (2006) used a robust log-rank statistic while Gao et al. (2006) used a robust Wald test 
from the marginal failure-time model of Wei et al. (1989).  
The generalization of DT for multivariate survival data is developed by using goodness of 
split approach. DT by goodness of split is grown by maximizing a measure of between-node 
difference. Therefore, only internal nodes have associated two-sample statistics. The tree 
structure is different from CART because, for trees grown by minimizing within-node error, 
each node, either terminal or internal, has an associated impurity measure. This is why the 
CART pruning procedure is not directly applicable to such types of trees. However, the 
split-complexity pruning algorithm of LeBlanc & Crowley (1993) has resulted in trees by 
goodness of split that has become well-developed tools.  
This modified tree technique not only provides a convenient way of handling survival data, 
but also enlarges the applied scope of DT methods in a more general sense. This is especially 
for those situations where defining prediction error terms is relatively difficult, so growing 
trees by a two-sample statistic, together with the split-complexity pruning, offers a feasible 
way of performing tree analysis. 
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one individual (because of repeated sampling) are referred to as a cluster, so that from this 
point on, the responses within a cluster will be assumed to be correlated. 
Analysis of multivariate survival data is complex due to the presence of dependence among 
survival times and unknown marginal distributions. Multivariate survival times frequently 
arise when individuals under observation are naturally clustered or when each individual 
might experience multiple events. A successful treatment of correlated failure times was 
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term. Another approach is based on a proportional hazard formulation of the marginal 
hazard function, which has been studied by Wei et al. (1989) and Liang et al. (1993). 
Noticeably, Prentice et al. (1981) and Andersen & Gill (1982) also suggested two alternative 
approaches to analyze multiple event times.  
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studies to form prognostic rules. Credit risk analysts collect account information to build up 
credit scoring criteria. Frequently, in such studies the outcomes of ultimate interest are 
correlated times to event, such as relapses, late payments, or bankruptcies. Since DT 
methods recursively partition the predictor space, they are an alternative to conventional 
regression tools. 
This section is concerned with the generalization of DT models to multivariate survival data. 
In attempt to facilitate an extension of DT methods to multivariate survival data, more 
difficulties need to be circumvented.  

 
4.1 Decision tree for multivariate survival data based on marginal model 
DT methods for multivariate survival data are not many. Almost all the multivariate DT 
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and multivariate data. The multivariate methods proposed by Su & Fan (2001, 2004) and 
Gao et al. (2004, 2006) concentrated on between-node heterogeneity and used the results of 
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(2004) used likelihood-ratio tests while Gao et al. (2004) used robust Wald tests from a 
gamma frailty model to maximize the between-node heterogeneity. Su & Fan (2001) and Fan 
et al. (2006) used a robust log-rank statistic while Gao et al. (2006) used a robust Wald test 
from the marginal failure-time model of Wei et al. (1989).  
The generalization of DT for multivariate survival data is developed by using goodness of 
split approach. DT by goodness of split is grown by maximizing a measure of between-node 
difference. Therefore, only internal nodes have associated two-sample statistics. The tree 
structure is different from CART because, for trees grown by minimizing within-node error, 
each node, either terminal or internal, has an associated impurity measure. This is why the 
CART pruning procedure is not directly applicable to such types of trees. However, the 
split-complexity pruning algorithm of LeBlanc & Crowley (1993) has resulted in trees by 
goodness of split that has become well-developed tools.  
This modified tree technique not only provides a convenient way of handling survival data, 
but also enlarges the applied scope of DT methods in a more general sense. This is especially 
for those situations where defining prediction error terms is relatively difficult, so growing 
trees by a two-sample statistic, together with the split-complexity pruning, offers a feasible 
way of performing tree analysis. 
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The DT procedure consists of three parts: a method to partition the data recursively into a 
large tree, a method to prune the large tree into a subtree sequence, and a method to 
determine the optimal tree size. 
In the multivariate survival trees, the between-node difference is measured by a robust 
Wald statistic, which is derived from a marginal approach to multivariate survival data that 
was developed by Wei et al. (1989). We used split-complexity pruning borrowed from 
LeBlanc & Crowley (1993) and use test sample for determining the right tree size. 

 
4.1.1 The splitting statistic 
We consider n independent subjects, each subject have K potential types or number of 
failures. If there are an unequal number of failures within the subjects, then K is the 
maximum. We let Tik = min(Yik,Cik ) where Yik = time of the failure in the ith subject for the 
kth type of failure and Cik = potential censoring time of the ith subject for the kth type of 
failure with i = 1,…,n and k = 1,…,K. Then ik = I (Yik ≤ Cik) is the indicator for failure and the 
vector of covariates is denoted by Zik = (Z1ik,…, Zpik)T. 
To partition the data, we consider the hazard model for the ith unit for the kth type of 
failure, using the distinguishable baseline hazard as described by Wei et al. (1989), namely 
 

      cZItt ikkik   exp0  (10) 
 
where the indicator function I(Zik < c) equals 1 if Zik < c and 0 otherwise, which corresponds 
to a split, say s, based on a continuous covariate Zj (j = 1,..,p). If the covariate is categorical, 
then I(Zik  A) for any subset A of its categories need to be considered.  
Parameter   is estimated by maximizing the partial likelihood. If the observations within 
the same unit are independent, the partial likelihood functions for   for the distinguishable 
baseline model (10) would be, 
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Since the observations within the same unit are not independent for multivariate failure 
time, we refer to the above functions as the pseudo-partial likelihood. 
The estimator ̂  can be obtained by maximizing the likelihood by solving 

  0)(log











Lu . Wei et al. (1989) showed that   ˆn is normally distributed with 
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is not valid. We refer to a-1() as the naïve estimator. Wei et al. (1989) showed that the correct  
estimated (robust) variance estimator of   ˆn  is  
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where b() is weight and d() is often referred to as the robust or sandwich variance 
estimator. Hence, the robust Wald statistic corresponding to the null hypothesis H0 :  = 0 is  
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4.1.2 Tree growing 
To grow a tree, the robust Wald statistic is evaluated for every possible binary split of the 
predictor space Z. The split, s, could be of several forms: splits on a single covariate, splits on 
linear combinations of predictors, and boolean combination of splits. The simplest form of 
split relates to only one covariate, where the split depends on the type of covariate whether 
it is ordered or nominal covariate.  
The “best split” is defined to be the one corresponding to the maximum robust Wald 
statistic. Subsequently the data are divided into two groups according to the best split. 
Apply this splitting scheme recursively to the learning sample until the predictor space is 
partitioned into many regions. There will be no further partition to a node when any of the 
following occurs:  
1.  The node contains less than, say 10 or 20, subjects, if the overall sample size is large 

enough to permit this. We suggest using a larger minimum node size than used in CART 
where the default value is 5; 

2.  All the observed times in the subset are censored, which results in unavailability of the 
robust Wald statistic for any split; 

3.  All the subjects have identical covariate vectors. Or the node has only complete 
observations with identical survival times. In these situations, the node is considered as 
'pure'. 

The whole procedure results in a large tree, which could be used for the purpose of data 
structure exploration. 

 
4.1.3 Tree pruning 
Let T denotes either a particular tree or the set of all its nodes. Let S and T~ denote the set of 
internal nodes and terminal nodes of T, respectively. Therefore, STT  ~ . Also let || 
denotes the number of nodes. Let G(h) represents the maximum robust Wald statistic on a 
particular (internal) node h. In order to measure the performance of a tree, a split-complexity 
measure G(T) is introduced as in LeBlanc and Crowley (1993). That is, 
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The DT procedure consists of three parts: a method to partition the data recursively into a 
large tree, a method to prune the large tree into a subtree sequence, and a method to 
determine the optimal tree size. 
In the multivariate survival trees, the between-node difference is measured by a robust 
Wald statistic, which is derived from a marginal approach to multivariate survival data that 
was developed by Wei et al. (1989). We used split-complexity pruning borrowed from 
LeBlanc & Crowley (1993) and use test sample for determining the right tree size. 

 
4.1.1 The splitting statistic 
We consider n independent subjects, each subject have K potential types or number of 
failures. If there are an unequal number of failures within the subjects, then K is the 
maximum. We let Tik = min(Yik,Cik ) where Yik = time of the failure in the ith subject for the 
kth type of failure and Cik = potential censoring time of the ith subject for the kth type of 
failure with i = 1,…,n and k = 1,…,K. Then ik = I (Yik ≤ Cik) is the indicator for failure and the 
vector of covariates is denoted by Zik = (Z1ik,…, Zpik)T. 
To partition the data, we consider the hazard model for the ith unit for the kth type of 
failure, using the distinguishable baseline hazard as described by Wei et al. (1989), namely 
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where the indicator function I(Zik < c) equals 1 if Zik < c and 0 otherwise, which corresponds 
to a split, say s, based on a continuous covariate Zj (j = 1,..,p). If the covariate is categorical, 
then I(Zik  A) for any subset A of its categories need to be considered.  
Parameter   is estimated by maximizing the partial likelihood. If the observations within 
the same unit are independent, the partial likelihood functions for   for the distinguishable 
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Since the observations within the same unit are not independent for multivariate failure 
time, we refer to the above functions as the pseudo-partial likelihood. 
The estimator ̂  can be obtained by maximizing the likelihood by solving 

  0)(log











Lu . Wei et al. (1989) showed that   ˆn is normally distributed with 

mean 0. However the usual estimate, a-1(), for the variance of ̂ , where 
 

   






ˆ

2

2 log1













L
n

a  (12) 

 

 

is not valid. We refer to a-1() as the naïve estimator. Wei et al. (1989) showed that the correct  
estimated (robust) variance estimator of   ˆn  is  
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where the number of internal nodes, |S|, measures complexity; G(T) measures goodness of 
split in T; and the complexity parameter  acts as a penalty for each additional split. 
Start with the large tree T0 obtained from the splitting procedure. For any internal node h of 
T0, i.e. h  S0, a function g(h) is defined as 
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where Th denotes the branch with h as its root and Sh is the set of all internal nodes of Th. 
Then the 'weakest link' 0h  in T0 is the node such that 
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Let  01 hg and T1 be the subtree after pruning off the branch 

0h
T . In addition, let 

   hghg Sh 1
min12   and T2 be the tree after pruning off the branch 

1h
T . Repeating this 

procedure leads to a nested sequence of subtrees 011 TTTTT mmM    where TM 
is the root node, and the sequence  = M >…> m > m-1 >…> 1 > 0 = 0. 
It is important to note that m's are an increasing sequence. And for any  such that m ≤  ≤ 
m+1, in particular, the geometric mean of m, 1'  mmm  . It follows that T() = T(m) = 
T( ’m) = Tm. This implies that we can get the best pruned subtree for any penalty  from the 
pruning algorithm. 

 
4.1.4 The best-sized tree based on test sample 
Now we need to select one or several appropriately sized trees from the nested sequence. 
Several methods have been suggested for this purpose, one of them is test sample method. 
When the sample size is large enough, the test sample is the preferred method of 
determining the right tree size. To do this, the whole sample is divided into two parts: a 
learning sample L1 and a test sample L2. Usually, the proportion is 2:1. 
A large tree T0 is grown and pruned to obtain a nested sequence of subtrees using the 
learning sample L1. Then the test sample L2 is sent down along the large tree T0 and the 
splitting statistics, G(h), are recalculated for each internal node, h  S, using the validation 
sample. The tree that maximizes the split-complexity measure  TG

c
 is chosen as the best-

sized subtree, where the constant penalty c is chosen for each split. It has been suggested 
by LeBlanc and Crowley (1993) that c be typically chosen such that 2 ≤ c ≤ 4, where c = 2 
is in the spirit of the AIC criterion and c = 4 corresponds roughly to the 0.05 significance 
level for a split under the 2

)1( curve.  
Finally a marginal Kaplan-Meier survival curve is prepared separately (i.e., for each type of 
failure) for all groups resulted from the best-sized tree. For example, if the best-sized trees 
classified patients into three groups, then we prepare three corresponding marginal Kaplan-
Meier survival curves for each type of failure. 
 

 

4.1.5 Application: Bladder cancer data 
In this section, we shall illustrate the proposed methods using the well-known bladder 
tumour cancer data reported by Byar (1980). The data were from a randomized clinical trial 
conducted by the Veterans Administration Co-operative Urological Group between 1971 
and 1976 and consisted of 117 patients with superficial bladder tumours. The tumors were 
removed transurethrally, and patients were then randomly assigned to one of three 
treatments: placebo, pyridoxine (Vitamin B6), or intravesical thiotepa 
(triethylenetriphosphamide). Thiotepa is a member of the class of alkylating agents, which 
were among the first anticancer drugs used. Alkylating agents are highly reactive and bind 
to certain chemical groups found in nucleic acids. These compounds inhibit proper synthesis 
of DNA and RNA, which leads to apoptosis or cell death. However, since alkylating agents 
cannot discriminate between cancerous and normal cells, both types of cells will be affected 
by this therapy. For example, normal cells can become cancerous due to alklyating agents. 
Thus, thiotepa is a highly cytotoxic compound and can potentially have adverse effects. 
Consequently, the effects of thiotepa on cancer recurrence and death are not obvious (Ghosh 
& Lin, 2000).  
Treatment was aimed at preventing bladder cancer recurrence following the removal of 
superficial bladder tumours. Patients were examined every 3 months for recurrence of 
tumour and any new tumors were removed. We used the version of data presented in 
original paper by Wei et al. (1989) which is only available for the placebo and the thiotepa 
groups. There were 38 patients in the thiotepa group and 48 placebo patients. The outcome 
variable was number of months to the event since last tumour occurrence. Patients are 
censored when they die, immediately after their fourth event or when the end of the study is 
reached. Besides the treatment the number of initial tumours and diameter of the largest 
initial tumour were also recorded for each patient. Particularly, the number of initial 
tumours ranged from 1 to 8 with the respective counts of patients equal to 50, 11, 10, 4, 5, 2, 
0, and 3. 
Figure 2. shows the best-sized survival tree based on robust Wald splitting. At each level of 
the tree, we show the best splitter (covariate with cutpoint), and the corresponding robust 
Wald split statistic. A square denotes terminal nodes in the tree. Beneath each terminal node, 
n denotes the number of patients.  
 

 
Fig. 2. Survival tree based on robust Wald splitting.  
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Fig. 2. Survival tree based on robust Wald splitting.  
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measure. The survival probability of first and second recurrence for three groups of patients 
is presented in Figure 3.  Among these three groups, patient with at least five initial tumours 
have the poorest prognosis, that is, they are more likely to develop recurrence. Patient with 
at most three initial tumours have the best prognosis, because they are less likely to develop 
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Fig. 3. Survival probability to the first (left) and second (right) recurrence for the three 
prognostic groups derived from terminal nodes in Figure 2.  

 
4.2 Decision tree for multivariate survival data based on frailty model 
Quite the opposite to marginal models, frailty models directly account for and estimate 
within subject correlation. A parameter estimate of within subject propensity for events is 
obtained directly. 
The random effects approach to frailty models involves the assumption that there are 
unknown factors within a subject causing similarity (homogeneity) in failure times within 
the subject and thus differences (heterogeneity) in failure times between different subjects. 
The reason such factors are referred to as unknown is that if they were known to the 
investigator, they could be included in the analysis, resulting in independence within a 
subject. Frailty modeling (known as such because it examines the tendency for 
failures/recurrences within a subject at similar times, or experience similar frailties) involves 
specification of independence within a subject, conditional on an unobservable frailty vi. 

 

This frailty for the ith subject is incorporated (conditionally) into the proportional hazard 
function previously examined as follows 
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where the number of failure for the ith subject may be different, i.e. k = 1,…,Ki.  

 
4.2.1 The splitting statistic and tree growing 
In this method, the splitting rule is defined as Wald test statistic evaluating covariate effect 
based on frailty model. Thus, we create tree by maximizing between-node separation. 
To split a node, a splitting function needs to be evaluated at every cutoff point. We consider 
the following model 
 

      cZItvvt ikiiik   exp| 0  (19) 
 
The parameter  corresponds to the effect of separation between two daughter nodes 
induced by cutoff point c which will be estimated by penalized likelihood method. The 
penalized likelihood is developed by re-parameterizing model (19) as follows (Therneau & 
Grambsch, 2000): 
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where  = log(v)={1, 2,…,n} is the vector of parameters for the re-parameterized frailty, and 
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where Xi is the ith row of design matrix which corresponds to the ith recurrence in node, 
Wi(t) is an indicator variables such that Wi(t)=1 when the item is at risk in time ti and 0 
otherwise, and R(ti) is the risk set in time ti. It has been shown (Therneau & Grambsch, 2000) 
that the following penalty function will give exactly the same solution as EM algorithm 
(Klein, 1992) when the frailty has a gamma distribution indexed by parameter , 
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that the following penalty function will give exactly the same solution as EM algorithm 
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Fig. 3. Survival probability to the first (left) and second (right) recurrence for the three 
prognostic groups derived from terminal nodes in Figure 2.  
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prognostic groups derived from terminal nodes in Figure 2.  
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where Xi is the ith row of design matrix which corresponds to the ith recurrence in node, 
Wi(t) is an indicator variables such that Wi(t)=1 when the item is at risk in time ti and 0 
otherwise, and R(ti) is the risk set in time ti. It has been shown (Therneau & Grambsch, 2000) 
that the following penalty function will give exactly the same solution as EM algorithm 
(Klein, 1992) when the frailty has a gamma distribution indexed by parameter , 
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The parameters   and  can be estimated by solving the score functions and parameter   is 
estimated by maximizing the profile log-likelihood (Therneau & Grambsch, 2000). In turn, 
following Gray (1992), the variance covariance matrix is V(;) = H-1 and  
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where A is the second derivative matrix of usual partial likelihood with respect to   and , 
g’’ is the second derivative of penalty function with respect to . The first diagonal element 
of H-1 corresponds to the variance of  (Therneau & Grambsch, 2000; Gray, 1992). 
Comparing to EM algorithm, penalized likelihood method is computationally faster and has 
been incorporated into standard statistical packages.  

The splitting function is defined as  
^

22 var/ˆ , where ̂  and  
^

var  are penalized 
likelihood estimator and its estimated variance. In summary, when a tree is constructed, a 
conditional proportional hazard structure given frailty is assumed within each node. The 
splitting function is evaluated at each allowable split, and the best cutoff point c* is chosen 
corresponding to the maximum Wald statistic. This process is applied recursively until all 
the nodes cannot be further split. That is, the covariate space within the node becomes 
homogeneous or only a few failures are left within the node. Consequently, the growing 
procedure leads to a large initial tree, denoted by T0. 

 
4.2.2 Tree pruning and the best-sized tree selection based on test sample 
The data in a node are sent to one of two child nodes by a split point or split set selected. 
This procedure is repeated until a certain criterion is met. A stopping rule might not detect 
significant splits which occur at later nodes. To avoid this possibility, a pruning technique 
can be applied to eliminate some insignificant nodes after splitting as many times as 
possible until each node has fewer than a pre-specified number of cases. 
The prediction error of the maximal tree is usually larger than that of a parsimonious tree 
when estimated by an independent sample. Thus, some nodes need to be pruned. We adopt 
the split-complexity pruning technique of LeBlanc & Crowley (1993), defining Wald statistic 
as the goodness of split of a tree. The approach is to find a tree T maximizing the split-
complexity as follows: 
1.  Given a complexity parameter   0 and a tree T, define the split-complexity function 

G(T) as G(T) = G (T) - |S|, where     


Sh
hGTG  is the sum of the maximum Wald 

statistic over the internal nodes of T and |S| is the number of internal nodes in T.  
2.  For each   0, there exists a tree maximizing the split-complexity. If  = 0, the tree 

maximizing the split-complexity is the maximal tree. The larger the , the smaller the 
tree maximizing the split-complexity. 

3.  Let h be any node and Th be the branch of a tree T with root node h, then we define a 
function     hh STGhg / , where Sh is the set of all internal nodes of Th.  

 

4.  Prune branches at node 0h for which    hghg
Sh 0

min0 
 . 

5. Repeat the above steps to obtain a nested sequence of trees, 
Mmm TTTTT  110  , where T0 is the maximal tree. Tm is a tree with some 

branches of Tm-1 pruned, and TM is the trivial tree with only the root node. 
The final tree is selected by evaluating the sequence of maximal split-complexity trees. 
However, the goodness of split of the trees is over-estimated by the learning sample. That is, 
the estimation of the goodness of split by the learning sample is too optimistic. Thus, if an 
independent test sample exists, the final tree can be selected as follows: 
1. Let Mmm TTTTT  110  be the pruned sequence of trees obtained from a 

learning sample L1. Pour a test sample L2 down each tree. 
2. Estimate the split-complexity G(Tm) of each tree Tm with the test sample L2. 
3. Select the tree with the largest value of G(Tm). 

 
4.2.3 Application: Chronic granulomatous disease (CGD) data 
In this section, we illustrate the DT multivariate survival data based on frailty model by 
analyzing a CGD data in Therneau & Grambsch (2000). CGD is a heterogeneous group of 
uncommon inherited disorder characterized by recurrent pyogenic infections that usually 
begin early in life and may lead to death in childhood. Interferon gamma is a principal 
macrophage-activating factor shown to partially correct the metabolic defect in phagocytes, 
and for this reason it was hypothesized that it would reduce the frequency of serious 
infections in patients with CGD. In 1986, Genentech Inc. conducted a randomized, double-
blind, manized interferon gamma (rIFN-g) or placebo three times daily for a year. The 
primary endpoint of the study was the time to the first serious infection. However, data 
were collected on all serious infections until cessation of follow up, which occurred near day 
400 for most patients. Thirty of the group had at least one serious infection. The total 
number of infections was 56 and 20 in the placebo and treatment groups, respectively. A 
question is whether a distinct group of patient based on their recurrent infections exist.  
Covariates include the enrolling hospital and randomization data, age, height, weight, sex, 
use of antibiotics or corticosteroids at the time of enrolment, and the pattern of inheritance. 
The data set had 203 observations on 128 subjects. 
Next, we applied the proposed DT method to these data. Then we developed a tree by using 
all data, and the best sized tree with seven terminal nodes and its corresponding Kaplan- 
Meier survival curves are presented in Figure 4 and Figure 5, respectively. The method first 
splits on whether treatment is rIFN-g or placebo. Then age (< 5.5 versus  5.5 years) and 
height (< 132.9 versus  132.9 cm) are chosen as the best partitions respectively. After 6 
partitions, a best sized tree with 7 terminal nodes was developed, where circles and squares 
represent internal nodes and terminal nodes respectively, and value 2 denoted the splitting 
function for each partition. Final tree with seven terminal nodes lead to seven risk groups:  
placebo with age < 5.5 years (node 4), rIFN-g with height < 132.9 cm (node 6), placebo with 
age  5.5 years and height < 158.5 cm (node 10), rIFN-g with 132.9 ≤ height < 148 cm (node 
14), rIFN-g with height  148 cm (node 15), placebo with 5.5 ≤ age < 20.5 years and height  
158.5 cm (node 22), and placebo with age  20.5 years and height  158.5 cm (node 23).  
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been incorporated into standard statistical packages.  

The splitting function is defined as  
^

22 var/ˆ , where ̂  and  
^

var  are penalized 
likelihood estimator and its estimated variance. In summary, when a tree is constructed, a 
conditional proportional hazard structure given frailty is assumed within each node. The 
splitting function is evaluated at each allowable split, and the best cutoff point c* is chosen 
corresponding to the maximum Wald statistic. This process is applied recursively until all 
the nodes cannot be further split. That is, the covariate space within the node becomes 
homogeneous or only a few failures are left within the node. Consequently, the growing 
procedure leads to a large initial tree, denoted by T0. 

 
4.2.2 Tree pruning and the best-sized tree selection based on test sample 
The data in a node are sent to one of two child nodes by a split point or split set selected. 
This procedure is repeated until a certain criterion is met. A stopping rule might not detect 
significant splits which occur at later nodes. To avoid this possibility, a pruning technique 
can be applied to eliminate some insignificant nodes after splitting as many times as 
possible until each node has fewer than a pre-specified number of cases. 
The prediction error of the maximal tree is usually larger than that of a parsimonious tree 
when estimated by an independent sample. Thus, some nodes need to be pruned. We adopt 
the split-complexity pruning technique of LeBlanc & Crowley (1993), defining Wald statistic 
as the goodness of split of a tree. The approach is to find a tree T maximizing the split-
complexity as follows: 
1.  Given a complexity parameter   0 and a tree T, define the split-complexity function 

G(T) as G(T) = G (T) - |S|, where     


Sh
hGTG  is the sum of the maximum Wald 

statistic over the internal nodes of T and |S| is the number of internal nodes in T.  
2.  For each   0, there exists a tree maximizing the split-complexity. If  = 0, the tree 

maximizing the split-complexity is the maximal tree. The larger the , the smaller the 
tree maximizing the split-complexity. 

3.  Let h be any node and Th be the branch of a tree T with root node h, then we define a 
function     hh STGhg / , where Sh is the set of all internal nodes of Th.  

 

4.  Prune branches at node 0h for which    hghg
Sh 0

min0 
 . 

5. Repeat the above steps to obtain a nested sequence of trees, 
Mmm TTTTT  110  , where T0 is the maximal tree. Tm is a tree with some 

branches of Tm-1 pruned, and TM is the trivial tree with only the root node. 
The final tree is selected by evaluating the sequence of maximal split-complexity trees. 
However, the goodness of split of the trees is over-estimated by the learning sample. That is, 
the estimation of the goodness of split by the learning sample is too optimistic. Thus, if an 
independent test sample exists, the final tree can be selected as follows: 
1. Let Mmm TTTTT  110  be the pruned sequence of trees obtained from a 

learning sample L1. Pour a test sample L2 down each tree. 
2. Estimate the split-complexity G(Tm) of each tree Tm with the test sample L2. 
3. Select the tree with the largest value of G(Tm). 

 
4.2.3 Application: Chronic granulomatous disease (CGD) data 
In this section, we illustrate the DT multivariate survival data based on frailty model by 
analyzing a CGD data in Therneau & Grambsch (2000). CGD is a heterogeneous group of 
uncommon inherited disorder characterized by recurrent pyogenic infections that usually 
begin early in life and may lead to death in childhood. Interferon gamma is a principal 
macrophage-activating factor shown to partially correct the metabolic defect in phagocytes, 
and for this reason it was hypothesized that it would reduce the frequency of serious 
infections in patients with CGD. In 1986, Genentech Inc. conducted a randomized, double-
blind, manized interferon gamma (rIFN-g) or placebo three times daily for a year. The 
primary endpoint of the study was the time to the first serious infection. However, data 
were collected on all serious infections until cessation of follow up, which occurred near day 
400 for most patients. Thirty of the group had at least one serious infection. The total 
number of infections was 56 and 20 in the placebo and treatment groups, respectively. A 
question is whether a distinct group of patient based on their recurrent infections exist.  
Covariates include the enrolling hospital and randomization data, age, height, weight, sex, 
use of antibiotics or corticosteroids at the time of enrolment, and the pattern of inheritance. 
The data set had 203 observations on 128 subjects. 
Next, we applied the proposed DT method to these data. Then we developed a tree by using 
all data, and the best sized tree with seven terminal nodes and its corresponding Kaplan- 
Meier survival curves are presented in Figure 4 and Figure 5, respectively. The method first 
splits on whether treatment is rIFN-g or placebo. Then age (< 5.5 versus  5.5 years) and 
height (< 132.9 versus  132.9 cm) are chosen as the best partitions respectively. After 6 
partitions, a best sized tree with 7 terminal nodes was developed, where circles and squares 
represent internal nodes and terminal nodes respectively, and value 2 denoted the splitting 
function for each partition. Final tree with seven terminal nodes lead to seven risk groups:  
placebo with age < 5.5 years (node 4), rIFN-g with height < 132.9 cm (node 6), placebo with 
age  5.5 years and height < 158.5 cm (node 10), rIFN-g with 132.9 ≤ height < 148 cm (node 
14), rIFN-g with height  148 cm (node 15), placebo with 5.5 ≤ age < 20.5 years and height  
158.5 cm (node 22), and placebo with age  20.5 years and height  158.5 cm (node 23).  
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The parameters   and  can be estimated by solving the score functions and parameter   is 
estimated by maximizing the profile log-likelihood (Therneau & Grambsch, 2000). In turn, 
following Gray (1992), the variance covariance matrix is V(;) = H-1 and  
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significant splits which occur at later nodes. To avoid this possibility, a pruning technique 
can be applied to eliminate some insignificant nodes after splitting as many times as 
possible until each node has fewer than a pre-specified number of cases. 
The prediction error of the maximal tree is usually larger than that of a parsimonious tree 
when estimated by an independent sample. Thus, some nodes need to be pruned. We adopt 
the split-complexity pruning technique of LeBlanc & Crowley (1993), defining Wald statistic 
as the goodness of split of a tree. The approach is to find a tree T maximizing the split-
complexity as follows: 
1.  Given a complexity parameter   0 and a tree T, define the split-complexity function 
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5. Repeat the above steps to obtain a nested sequence of trees, 
Mmm TTTTT  110  , where T0 is the maximal tree. Tm is a tree with some 

branches of Tm-1 pruned, and TM is the trivial tree with only the root node. 
The final tree is selected by evaluating the sequence of maximal split-complexity trees. 
However, the goodness of split of the trees is over-estimated by the learning sample. That is, 
the estimation of the goodness of split by the learning sample is too optimistic. Thus, if an 
independent test sample exists, the final tree can be selected as follows: 
1. Let Mmm TTTTT  110  be the pruned sequence of trees obtained from a 

learning sample L1. Pour a test sample L2 down each tree. 
2. Estimate the split-complexity G(Tm) of each tree Tm with the test sample L2. 
3. Select the tree with the largest value of G(Tm). 

 
4.2.3 Application: Chronic granulomatous disease (CGD) data 
In this section, we illustrate the DT multivariate survival data based on frailty model by 
analyzing a CGD data in Therneau & Grambsch (2000). CGD is a heterogeneous group of 
uncommon inherited disorder characterized by recurrent pyogenic infections that usually 
begin early in life and may lead to death in childhood. Interferon gamma is a principal 
macrophage-activating factor shown to partially correct the metabolic defect in phagocytes, 
and for this reason it was hypothesized that it would reduce the frequency of serious 
infections in patients with CGD. In 1986, Genentech Inc. conducted a randomized, double-
blind, manized interferon gamma (rIFN-g) or placebo three times daily for a year. The 
primary endpoint of the study was the time to the first serious infection. However, data 
were collected on all serious infections until cessation of follow up, which occurred near day 
400 for most patients. Thirty of the group had at least one serious infection. The total 
number of infections was 56 and 20 in the placebo and treatment groups, respectively. A 
question is whether a distinct group of patient based on their recurrent infections exist.  
Covariates include the enrolling hospital and randomization data, age, height, weight, sex, 
use of antibiotics or corticosteroids at the time of enrolment, and the pattern of inheritance. 
The data set had 203 observations on 128 subjects. 
Next, we applied the proposed DT method to these data. Then we developed a tree by using 
all data, and the best sized tree with seven terminal nodes and its corresponding Kaplan- 
Meier survival curves are presented in Figure 4 and Figure 5, respectively. The method first 
splits on whether treatment is rIFN-g or placebo. Then age (< 5.5 versus  5.5 years) and 
height (< 132.9 versus  132.9 cm) are chosen as the best partitions respectively. After 6 
partitions, a best sized tree with 7 terminal nodes was developed, where circles and squares 
represent internal nodes and terminal nodes respectively, and value 2 denoted the splitting 
function for each partition. Final tree with seven terminal nodes lead to seven risk groups:  
placebo with age < 5.5 years (node 4), rIFN-g with height < 132.9 cm (node 6), placebo with 
age  5.5 years and height < 158.5 cm (node 10), rIFN-g with 132.9 ≤ height < 148 cm (node 
14), rIFN-g with height  148 cm (node 15), placebo with 5.5 ≤ age < 20.5 years and height  
158.5 cm (node 22), and placebo with age  20.5 years and height  158.5 cm (node 23).  
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g’’ is the second derivative of penalty function with respect to . The first diagonal element 
of H-1 corresponds to the variance of  (Therneau & Grambsch, 2000; Gray, 1992). 
Comparing to EM algorithm, penalized likelihood method is computationally faster and has 
been incorporated into standard statistical packages.  

The splitting function is defined as  
^

22 var/ˆ , where ̂  and  
^

var  are penalized 
likelihood estimator and its estimated variance. In summary, when a tree is constructed, a 
conditional proportional hazard structure given frailty is assumed within each node. The 
splitting function is evaluated at each allowable split, and the best cutoff point c* is chosen 
corresponding to the maximum Wald statistic. This process is applied recursively until all 
the nodes cannot be further split. That is, the covariate space within the node becomes 
homogeneous or only a few failures are left within the node. Consequently, the growing 
procedure leads to a large initial tree, denoted by T0. 
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The data in a node are sent to one of two child nodes by a split point or split set selected. 
This procedure is repeated until a certain criterion is met. A stopping rule might not detect 
significant splits which occur at later nodes. To avoid this possibility, a pruning technique 
can be applied to eliminate some insignificant nodes after splitting as many times as 
possible until each node has fewer than a pre-specified number of cases. 
The prediction error of the maximal tree is usually larger than that of a parsimonious tree 
when estimated by an independent sample. Thus, some nodes need to be pruned. We adopt 
the split-complexity pruning technique of LeBlanc & Crowley (1993), defining Wald statistic 
as the goodness of split of a tree. The approach is to find a tree T maximizing the split-
complexity as follows: 
1.  Given a complexity parameter   0 and a tree T, define the split-complexity function 

G(T) as G(T) = G (T) - |S|, where     
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hGTG  is the sum of the maximum Wald 

statistic over the internal nodes of T and |S| is the number of internal nodes in T.  
2.  For each   0, there exists a tree maximizing the split-complexity. If  = 0, the tree 

maximizing the split-complexity is the maximal tree. The larger the , the smaller the 
tree maximizing the split-complexity. 

3.  Let h be any node and Th be the branch of a tree T with root node h, then we define a 
function     hh STGhg / , where Sh is the set of all internal nodes of Th.  

 

4.  Prune branches at node 0h for which    hghg
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5. Repeat the above steps to obtain a nested sequence of trees, 
Mmm TTTTT  110  , where T0 is the maximal tree. Tm is a tree with some 

branches of Tm-1 pruned, and TM is the trivial tree with only the root node. 
The final tree is selected by evaluating the sequence of maximal split-complexity trees. 
However, the goodness of split of the trees is over-estimated by the learning sample. That is, 
the estimation of the goodness of split by the learning sample is too optimistic. Thus, if an 
independent test sample exists, the final tree can be selected as follows: 
1. Let Mmm TTTTT  110  be the pruned sequence of trees obtained from a 

learning sample L1. Pour a test sample L2 down each tree. 
2. Estimate the split-complexity G(Tm) of each tree Tm with the test sample L2. 
3. Select the tree with the largest value of G(Tm). 

 
4.2.3 Application: Chronic granulomatous disease (CGD) data 
In this section, we illustrate the DT multivariate survival data based on frailty model by 
analyzing a CGD data in Therneau & Grambsch (2000). CGD is a heterogeneous group of 
uncommon inherited disorder characterized by recurrent pyogenic infections that usually 
begin early in life and may lead to death in childhood. Interferon gamma is a principal 
macrophage-activating factor shown to partially correct the metabolic defect in phagocytes, 
and for this reason it was hypothesized that it would reduce the frequency of serious 
infections in patients with CGD. In 1986, Genentech Inc. conducted a randomized, double-
blind, manized interferon gamma (rIFN-g) or placebo three times daily for a year. The 
primary endpoint of the study was the time to the first serious infection. However, data 
were collected on all serious infections until cessation of follow up, which occurred near day 
400 for most patients. Thirty of the group had at least one serious infection. The total 
number of infections was 56 and 20 in the placebo and treatment groups, respectively. A 
question is whether a distinct group of patient based on their recurrent infections exist.  
Covariates include the enrolling hospital and randomization data, age, height, weight, sex, 
use of antibiotics or corticosteroids at the time of enrolment, and the pattern of inheritance. 
The data set had 203 observations on 128 subjects. 
Next, we applied the proposed DT method to these data. Then we developed a tree by using 
all data, and the best sized tree with seven terminal nodes and its corresponding Kaplan- 
Meier survival curves are presented in Figure 4 and Figure 5, respectively. The method first 
splits on whether treatment is rIFN-g or placebo. Then age (< 5.5 versus  5.5 years) and 
height (< 132.9 versus  132.9 cm) are chosen as the best partitions respectively. After 6 
partitions, a best sized tree with 7 terminal nodes was developed, where circles and squares 
represent internal nodes and terminal nodes respectively, and value 2 denoted the splitting 
function for each partition. Final tree with seven terminal nodes lead to seven risk groups:  
placebo with age < 5.5 years (node 4), rIFN-g with height < 132.9 cm (node 6), placebo with 
age  5.5 years and height < 158.5 cm (node 10), rIFN-g with 132.9 ≤ height < 148 cm (node 
14), rIFN-g with height  148 cm (node 15), placebo with 5.5 ≤ age < 20.5 years and height  
158.5 cm (node 22), and placebo with age  20.5 years and height  158.5 cm (node 23).  
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Fig. 4. Multivariate survival trees for CGD data, where the splitting statistics quantifying the 
separation between two subgroups and n represents the number of patients in the resultant 
prognostic groups.  
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Fig. 5. Marginal Kaplan-Meier plots for the 7 prognostic groups derived from the survival 
tree (A separate plot was prepared for first and second recurrence) 
 

 

The second DT was constructed by using test sample method. We built tree T using sample 
L1 of size two third portions of data and validated using sample L2 of size one third of data. 
First divide the whole data into two parts: the learning sample L1 and the test sample L2. 
Then grow and prune the initial tree T0 using L1. At the stage of tree size determination, the 
goodness-of-split measure G(Tm) was recalculated or validated using the test sample L2. The 
subtree that maximizes the validated G is the best-sized tree. The best-sized tree had 2 
terminal nodes forming two risks group of patients (Figure 6). Since the two risks group 
were characterized by treatment, then it is clear from Figure 7 that the rIFN-g patients had 
lower first recurrent risk compared to placebo group, even though the second recurrence 
Kaplan-Meier survival function crossed each other. 
 

 
Fig. 6. The best-sized tree for the CGD data based on test sample method.  
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Fig. 7. Marginal Kaplan-Meier plots for the 2 placebo and rIFN-g group derived from the 
survival tree constructed by test sample method (Left part is first recurrence and right part 
for second recurrence) 

 
5. Decision Tree for Competing Risks Data 
 

Competing risks arise in many applications in biomedical sciences. In the competing risks 
framework subjects may fail due to one of the J possible causes. A competing risk can be 
defined as an event, whose occurrence precludes the occurrence of other events under 
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Competing risks arise in many applications in biomedical sciences. In the competing risks 
framework subjects may fail due to one of the J possible causes. A competing risk can be 
defined as an event, whose occurrence precludes the occurrence of other events under 
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examination. The classic example of competing risks is competing causes of death, such as 
cancer, heart disease, AIDS, etc. In cancer studies, common competing risks are relapse and 
death in remission (or treatment related mortality). These two risks represent the two 
reasons a patient may fail the therapy, namely a recurrence of the disease (relapse) or a 
death due to the toxicity of the therapy itself. 
In many situations, the focus is on the development of groups of individuals which have 
different survival properties. In this section, we develop a method to create groups of 
individuals with competing risks data based on the covariate values. The method extends 
the classification and regression trees (CART) algorithm to competing risks data by 
modeling the subdistribution hazard, i.e. the hazard function associated with the CIF.    
The “single event” and “composite event” decision tree types refer to whether or not the 
device used to create each split discriminates based on one event only, or the differences 
among all the events jointly. When survival data involve competing risks, under the “single 
event” categories, we will build up the tree by focusing on the event of interest and treating 
other competing risks as nuisance events that have to be adjusted for. Under the “composite 
event” categories, we propose to build up the decision tree by accounting for all events 
simultaneously. 
In section 5.1 we discuss between-node univariate decision trees for competing risks based 
on the difference between CIFs as proposed by Ibrahim et al. (2008). The tree address the 
problem of identifying risk subgroups when there is one competing risk event of primary 
interest. In section 5.2 we develop a decision tree for competing risks based on maximizing 
the between-node difference of the CIF with regard to more than one competing risk event. 
This decision tree is designed to address the problem of identifying subgroups when 
multiple competing risk events are of interest to the researcher. 

 
5.1 “Single event” decision tree for competing risks data 
In the development of decision tree for competing risks, we used deviance for the between-
node difference. Deviance is derived from likelihood ratio test statistic of proportional 
hazards model of subdistribution developed by Fine & Gray (1999). Therefore, only internal 
nodes have associated deviance statistics. The tree structure is different from CART in a way 
that, for original tree, each node, either terminal or internal, has an associated impurity 
measure. This is why the CART pruning procedure is not directly applicable to such type of 
tree. However, Segal’s pruning algorithm (Segal, 1988), which exerts little computational 
burden, has resulted in tree that have become well-developed tools. 
We consider a typical setting for competing risks survival data. Suppose that there are n 
individuals and each subjected to J (J  2) types of event. Let Yi be the time when ith unit 
experiences one of the jth type of event, and let Ci be the corresponding censoring time, 
where j = 1, 2, …, J; i = 1, 2, …, n. The sample consists of the set of vectors {(Ti, i,Zi): i = 1, 2, 
..., n}. Here, Ti = min(Yi,Ci) are the observed failure times; i = iI(Yi < Ci), where I() is the 
indicator function and i {1, 2, …, J}; Zi  Rp denotes the covariate vector for the ith unit. 
Since recursive partitioning handles covariates one by one, we assume p = 1 for the ease of 
illustration. In order to ensure identifiability, we also assume that the failure time Yi is 
independent of the censoring time Ci conditional on the covariate Zi, for any i = 1, …, n. 
In the subdistribution approach by Fine & Gray (1999), the subdistribution hazard for each 
type of failure is formulated with the proportional hazards model. Since we only consider 

 

splitting on a single covariate, the subdistribution hazard function  t~  is assumed to take 
the following form: 
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where  tj0

~  is an unspecified baseline subdistribution hazard function and j  is an 
unknown regression parameter corresponding to cutpoint c. We assume that there is a 
change point effect of Zi on the subdistribution hazard function with cutpoint c. 
When there is no censoring, j  can be estimated in exactly the same way as in the Cox 
model for right-censored data using a modified risk set. Here the risk set, R(t), at time t is all 
individuals yet to experience any event plus all those individuals who experienced types 
other than jth event at a time prior to t. The risk set leads to a partial likelihood: 
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For the case where competing risks data contained censored observations, the score function 
is constructed by using weight developed by inverse probability of censoring weighting 
technique. Value of j  that solves the score function is the desired estimators. 

Given the estimated j , the deviance is defined as  jl ̂2 . This is the summary measure of 
agreement between model and the data, where the smaller value corresponds to better 
goodness of fit  (Collett, 1994). 
The splitting function is defined in term of deviance as    jlhcR ̂2,  . This statistic can be 

derived from likelihood ratio for testing the significance of j  which ĵ  is its maximum 
likelihood estimator.  
In summary, when a tree is constructed, a proportional subdistribution hazard structure is 
assumed within each node. The splitting function  hcR ,  is evaluated at each allowable 
split, and the best cutpoint c* is chosen such that    hcRhcR hc ,min*,  . This process is 
applied recursively until all the nodes cannot be further split. 

 
5.1.1 Algorithm to Grow Tree 
To grow a tree, the deviance statistic is evaluated for every possible binary split of the 
predictor space Z. The split, s, could be of several forms: splits on a single covariate, splits on 
linear combinations of predictors, and boolean combination of splits. The simplest form, in 
which each split relates to only one covariate, can be described as follows: 
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examination. The classic example of competing risks is competing causes of death, such as 
cancer, heart disease, AIDS, etc. In cancer studies, common competing risks are relapse and 
death in remission (or treatment related mortality). These two risks represent the two 
reasons a patient may fail the therapy, namely a recurrence of the disease (relapse) or a 
death due to the toxicity of the therapy itself. 
In many situations, the focus is on the development of groups of individuals which have 
different survival properties. In this section, we develop a method to create groups of 
individuals with competing risks data based on the covariate values. The method extends 
the classification and regression trees (CART) algorithm to competing risks data by 
modeling the subdistribution hazard, i.e. the hazard function associated with the CIF.    
The “single event” and “composite event” decision tree types refer to whether or not the 
device used to create each split discriminates based on one event only, or the differences 
among all the events jointly. When survival data involve competing risks, under the “single 
event” categories, we will build up the tree by focusing on the event of interest and treating 
other competing risks as nuisance events that have to be adjusted for. Under the “composite 
event” categories, we propose to build up the decision tree by accounting for all events 
simultaneously. 
In section 5.1 we discuss between-node univariate decision trees for competing risks based 
on the difference between CIFs as proposed by Ibrahim et al. (2008). The tree address the 
problem of identifying risk subgroups when there is one competing risk event of primary 
interest. In section 5.2 we develop a decision tree for competing risks based on maximizing 
the between-node difference of the CIF with regard to more than one competing risk event. 
This decision tree is designed to address the problem of identifying subgroups when 
multiple competing risk events are of interest to the researcher. 

 
5.1 “Single event” decision tree for competing risks data 
In the development of decision tree for competing risks, we used deviance for the between-
node difference. Deviance is derived from likelihood ratio test statistic of proportional 
hazards model of subdistribution developed by Fine & Gray (1999). Therefore, only internal 
nodes have associated deviance statistics. The tree structure is different from CART in a way 
that, for original tree, each node, either terminal or internal, has an associated impurity 
measure. This is why the CART pruning procedure is not directly applicable to such type of 
tree. However, Segal’s pruning algorithm (Segal, 1988), which exerts little computational 
burden, has resulted in tree that have become well-developed tools. 
We consider a typical setting for competing risks survival data. Suppose that there are n 
individuals and each subjected to J (J  2) types of event. Let Yi be the time when ith unit 
experiences one of the jth type of event, and let Ci be the corresponding censoring time, 
where j = 1, 2, …, J; i = 1, 2, …, n. The sample consists of the set of vectors {(Ti, i,Zi): i = 1, 2, 
..., n}. Here, Ti = min(Yi,Ci) are the observed failure times; i = iI(Yi < Ci), where I() is the 
indicator function and i {1, 2, …, J}; Zi  Rp denotes the covariate vector for the ith unit. 
Since recursive partitioning handles covariates one by one, we assume p = 1 for the ease of 
illustration. In order to ensure identifiability, we also assume that the failure time Yi is 
independent of the censoring time Ci conditional on the covariate Zi, for any i = 1, …, n. 
In the subdistribution approach by Fine & Gray (1999), the subdistribution hazard for each 
type of failure is formulated with the proportional hazards model. Since we only consider 

 

splitting on a single covariate, the subdistribution hazard function  t~  is assumed to take 
the following form: 
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where  tj0

~  is an unspecified baseline subdistribution hazard function and j  is an 
unknown regression parameter corresponding to cutpoint c. We assume that there is a 
change point effect of Zi on the subdistribution hazard function with cutpoint c. 
When there is no censoring, j  can be estimated in exactly the same way as in the Cox 
model for right-censored data using a modified risk set. Here the risk set, R(t), at time t is all 
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For the case where competing risks data contained censored observations, the score function 
is constructed by using weight developed by inverse probability of censoring weighting 
technique. Value of j  that solves the score function is the desired estimators. 

Given the estimated j , the deviance is defined as  jl ̂2 . This is the summary measure of 
agreement between model and the data, where the smaller value corresponds to better 
goodness of fit  (Collett, 1994). 
The splitting function is defined in term of deviance as    jlhcR ̂2,  . This statistic can be 

derived from likelihood ratio for testing the significance of j  which ĵ  is its maximum 
likelihood estimator.  
In summary, when a tree is constructed, a proportional subdistribution hazard structure is 
assumed within each node. The splitting function  hcR ,  is evaluated at each allowable 
split, and the best cutpoint c* is chosen such that    hcRhcR hc ,min*,  . This process is 
applied recursively until all the nodes cannot be further split. 

 
5.1.1 Algorithm to Grow Tree 
To grow a tree, the deviance statistic is evaluated for every possible binary split of the 
predictor space Z. The split, s, could be of several forms: splits on a single covariate, splits on 
linear combinations of predictors, and boolean combination of splits. The simplest form, in 
which each split relates to only one covariate, can be described as follows: 
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examination. The classic example of competing risks is competing causes of death, such as 
cancer, heart disease, AIDS, etc. In cancer studies, common competing risks are relapse and 
death in remission (or treatment related mortality). These two risks represent the two 
reasons a patient may fail the therapy, namely a recurrence of the disease (relapse) or a 
death due to the toxicity of the therapy itself. 
In many situations, the focus is on the development of groups of individuals which have 
different survival properties. In this section, we develop a method to create groups of 
individuals with competing risks data based on the covariate values. The method extends 
the classification and regression trees (CART) algorithm to competing risks data by 
modeling the subdistribution hazard, i.e. the hazard function associated with the CIF.    
The “single event” and “composite event” decision tree types refer to whether or not the 
device used to create each split discriminates based on one event only, or the differences 
among all the events jointly. When survival data involve competing risks, under the “single 
event” categories, we will build up the tree by focusing on the event of interest and treating 
other competing risks as nuisance events that have to be adjusted for. Under the “composite 
event” categories, we propose to build up the decision tree by accounting for all events 
simultaneously. 
In section 5.1 we discuss between-node univariate decision trees for competing risks based 
on the difference between CIFs as proposed by Ibrahim et al. (2008). The tree address the 
problem of identifying risk subgroups when there is one competing risk event of primary 
interest. In section 5.2 we develop a decision tree for competing risks based on maximizing 
the between-node difference of the CIF with regard to more than one competing risk event. 
This decision tree is designed to address the problem of identifying subgroups when 
multiple competing risk events are of interest to the researcher. 

 
5.1 “Single event” decision tree for competing risks data 
In the development of decision tree for competing risks, we used deviance for the between-
node difference. Deviance is derived from likelihood ratio test statistic of proportional 
hazards model of subdistribution developed by Fine & Gray (1999). Therefore, only internal 
nodes have associated deviance statistics. The tree structure is different from CART in a way 
that, for original tree, each node, either terminal or internal, has an associated impurity 
measure. This is why the CART pruning procedure is not directly applicable to such type of 
tree. However, Segal’s pruning algorithm (Segal, 1988), which exerts little computational 
burden, has resulted in tree that have become well-developed tools. 
We consider a typical setting for competing risks survival data. Suppose that there are n 
individuals and each subjected to J (J  2) types of event. Let Yi be the time when ith unit 
experiences one of the jth type of event, and let Ci be the corresponding censoring time, 
where j = 1, 2, …, J; i = 1, 2, …, n. The sample consists of the set of vectors {(Ti, i,Zi): i = 1, 2, 
..., n}. Here, Ti = min(Yi,Ci) are the observed failure times; i = iI(Yi < Ci), where I() is the 
indicator function and i {1, 2, …, J}; Zi  Rp denotes the covariate vector for the ith unit. 
Since recursive partitioning handles covariates one by one, we assume p = 1 for the ease of 
illustration. In order to ensure identifiability, we also assume that the failure time Yi is 
independent of the censoring time Ci conditional on the covariate Zi, for any i = 1, …, n. 
In the subdistribution approach by Fine & Gray (1999), the subdistribution hazard for each 
type of failure is formulated with the proportional hazards model. Since we only consider 

 

splitting on a single covariate, the subdistribution hazard function  t~  is assumed to take 
the following form: 
 

       JjcZItZt i
j

jij ,...,1,exp~;~
0    (25) 

 
where  tj0

~  is an unspecified baseline subdistribution hazard function and j  is an 
unknown regression parameter corresponding to cutpoint c. We assume that there is a 
change point effect of Zi on the subdistribution hazard function with cutpoint c. 
When there is no censoring, j  can be estimated in exactly the same way as in the Cox 
model for right-censored data using a modified risk set. Here the risk set, R(t), at time t is all 
individuals yet to experience any event plus all those individuals who experienced types 
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For the case where competing risks data contained censored observations, the score function 
is constructed by using weight developed by inverse probability of censoring weighting 
technique. Value of j  that solves the score function is the desired estimators. 

Given the estimated j , the deviance is defined as  jl ̂2 . This is the summary measure of 
agreement between model and the data, where the smaller value corresponds to better 
goodness of fit  (Collett, 1994). 
The splitting function is defined in term of deviance as    jlhcR ̂2,  . This statistic can be 

derived from likelihood ratio for testing the significance of j  which ĵ  is its maximum 
likelihood estimator.  
In summary, when a tree is constructed, a proportional subdistribution hazard structure is 
assumed within each node. The splitting function  hcR ,  is evaluated at each allowable 
split, and the best cutpoint c* is chosen such that    hcRhcR hc ,min*,  . This process is 
applied recursively until all the nodes cannot be further split. 

 
5.1.1 Algorithm to Grow Tree 
To grow a tree, the deviance statistic is evaluated for every possible binary split of the 
predictor space Z. The split, s, could be of several forms: splits on a single covariate, splits on 
linear combinations of predictors, and boolean combination of splits. The simplest form, in 
which each split relates to only one covariate, can be described as follows: 
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examination. The classic example of competing risks is competing causes of death, such as 
cancer, heart disease, AIDS, etc. In cancer studies, common competing risks are relapse and 
death in remission (or treatment related mortality). These two risks represent the two 
reasons a patient may fail the therapy, namely a recurrence of the disease (relapse) or a 
death due to the toxicity of the therapy itself. 
In many situations, the focus is on the development of groups of individuals which have 
different survival properties. In this section, we develop a method to create groups of 
individuals with competing risks data based on the covariate values. The method extends 
the classification and regression trees (CART) algorithm to competing risks data by 
modeling the subdistribution hazard, i.e. the hazard function associated with the CIF.    
The “single event” and “composite event” decision tree types refer to whether or not the 
device used to create each split discriminates based on one event only, or the differences 
among all the events jointly. When survival data involve competing risks, under the “single 
event” categories, we will build up the tree by focusing on the event of interest and treating 
other competing risks as nuisance events that have to be adjusted for. Under the “composite 
event” categories, we propose to build up the decision tree by accounting for all events 
simultaneously. 
In section 5.1 we discuss between-node univariate decision trees for competing risks based 
on the difference between CIFs as proposed by Ibrahim et al. (2008). The tree address the 
problem of identifying risk subgroups when there is one competing risk event of primary 
interest. In section 5.2 we develop a decision tree for competing risks based on maximizing 
the between-node difference of the CIF with regard to more than one competing risk event. 
This decision tree is designed to address the problem of identifying subgroups when 
multiple competing risk events are of interest to the researcher. 

 
5.1 “Single event” decision tree for competing risks data 
In the development of decision tree for competing risks, we used deviance for the between-
node difference. Deviance is derived from likelihood ratio test statistic of proportional 
hazards model of subdistribution developed by Fine & Gray (1999). Therefore, only internal 
nodes have associated deviance statistics. The tree structure is different from CART in a way 
that, for original tree, each node, either terminal or internal, has an associated impurity 
measure. This is why the CART pruning procedure is not directly applicable to such type of 
tree. However, Segal’s pruning algorithm (Segal, 1988), which exerts little computational 
burden, has resulted in tree that have become well-developed tools. 
We consider a typical setting for competing risks survival data. Suppose that there are n 
individuals and each subjected to J (J  2) types of event. Let Yi be the time when ith unit 
experiences one of the jth type of event, and let Ci be the corresponding censoring time, 
where j = 1, 2, …, J; i = 1, 2, …, n. The sample consists of the set of vectors {(Ti, i,Zi): i = 1, 2, 
..., n}. Here, Ti = min(Yi,Ci) are the observed failure times; i = iI(Yi < Ci), where I() is the 
indicator function and i {1, 2, …, J}; Zi  Rp denotes the covariate vector for the ith unit. 
Since recursive partitioning handles covariates one by one, we assume p = 1 for the ease of 
illustration. In order to ensure identifiability, we also assume that the failure time Yi is 
independent of the censoring time Ci conditional on the covariate Zi, for any i = 1, …, n. 
In the subdistribution approach by Fine & Gray (1999), the subdistribution hazard for each 
type of failure is formulated with the proportional hazards model. Since we only consider 

 

splitting on a single covariate, the subdistribution hazard function  t~  is assumed to take 
the following form: 
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~  is an unspecified baseline subdistribution hazard function and j  is an 
unknown regression parameter corresponding to cutpoint c. We assume that there is a 
change point effect of Zi on the subdistribution hazard function with cutpoint c. 
When there is no censoring, j  can be estimated in exactly the same way as in the Cox 
model for right-censored data using a modified risk set. Here the risk set, R(t), at time t is all 
individuals yet to experience any event plus all those individuals who experienced types 
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For the case where competing risks data contained censored observations, the score function 
is constructed by using weight developed by inverse probability of censoring weighting 
technique. Value of j  that solves the score function is the desired estimators. 

Given the estimated j , the deviance is defined as  jl ̂2 . This is the summary measure of 
agreement between model and the data, where the smaller value corresponds to better 
goodness of fit  (Collett, 1994). 
The splitting function is defined in term of deviance as    jlhcR ̂2,  . This statistic can be 

derived from likelihood ratio for testing the significance of j  which ĵ  is its maximum 
likelihood estimator.  
In summary, when a tree is constructed, a proportional subdistribution hazard structure is 
assumed within each node. The splitting function  hcR ,  is evaluated at each allowable 
split, and the best cutpoint c* is chosen such that    hcRhcR hc ,min*,  . This process is 
applied recursively until all the nodes cannot be further split. 

 
5.1.1 Algorithm to Grow Tree 
To grow a tree, the deviance statistic is evaluated for every possible binary split of the 
predictor space Z. The split, s, could be of several forms: splits on a single covariate, splits on 
linear combinations of predictors, and boolean combination of splits. The simplest form, in 
which each split relates to only one covariate, can be described as follows: 
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1.  If Zk is ordered, then the data will be split into two groups specified by {Zk < c} and {Zk  
c} respectively; 

2.  If Zk is nominal, then any subset of the possible nominal values could induce a split. 
The "best split" is defined to be the one corresponding to the minimum deviance statistic. 
Subsequently the data are partitioned into two groups according to the best split. The 
partitioning continues until a criterion is met. Some DT methods use a direct stopping rule 
that stops splitting if a further partitioned does not improve some criterion. However, this 
may miss finding a good split later on. Other methods grow a large tree, and then prune it 
back to a smaller size. 

 
5.1.2 Algorithm to Prune Tree 
The idea of pruning is to iteratively cut off branches of the initial tree, T0, in order to locate a 
limited number of candidate subtrees from which an optimally sized tree is selected. To our 
method, we adopt Segal’s pruning algorithm (Segal, 1988) which exerts little computational 
burden. The steps for adopting this algorithm is as follows: 
1. Initially grow a large tree. 
2. To each of the internal nodes in the original tree, assign the maximal splitting statistic 

contained in the corresponding branch. This statistic reflects strength of linking for the 
branch to the tree. 

3. Among all these internal nodes, finds the one with the smallest statistic. That is, find the 
branch that has the weakest link and then prune off this branch from the tree. 

4. The second pruned tree can be obtained in a similar manner by applying the above two 
steps to the first pruned tree. 

5. Repeating this process until the pruned tree contains only the root node, finally a 
sequence of nested trees is obtained.  

The desired tree can be obtained by plotting the size of these trees against their weakest 
linking statistics. The tree corresponding to the “kink” point in the curve is chosen as the 
best one. 

 
5.1.3 Application: Breast cancer data 
As an application of competing risks DT, we used breast cancer data from Fyles et al. (2004). 
Between December 1992 and June 2000, 639 women 50 years of age or older who had 
undergone breast-conserving surgery for an invasive adenocarcinoma 5 cm or less in 
diameter (pathological stage T1 or T2) were randomly assigned to receive breast irradiation 
plus tamoxifen, RT+Tam, (319 women) or tamoxifen alone, Tam, (320 women). Participating 
centers included the Princess Margaret Hospital, the Women’s College Campus of the 
Sunnybrook and Women’s College Health Science Centre in Toronto, and the British 
Columbia Cancer Agency centers in Vancouver and Victoria. Table 2 contains the list of 
variables and their descriptions. 
The events that might occur in breast cancer study are relapse, second malignancy and 
death. Here we chose relapse as the event of interest. The patient’s survival time was the 
time length between the date of randomization and the occurrence of one event or last 
follow-up date. 
 
 

 

Variable name Description 
tx Randomized treatment: 0=tamoxifen, 1=radiation+tamoxifen 
Variable assessed at the time of randomization 
pathsize  Size of the tumour (cm) 
hist  Histology: 1=ductal, 2=lobular,3=medullary, 4=mixed, 5=other 
hrlevel  Hormone receptor level: 0=negative, 1=positive 
hgb  Haemoglobin (g/l) 
nodedis  Whether axillary node dissection was done, 0=Yes, 1=No 
age  Age (years) 
Outcome variables 
time  Time from randomization to event (relapse, second malignancy 

or death) or last follow up (years) 
d  Status at last follow-up: 0=censored, 1=relapse, 2=malignancy, 

3=death 
Table 2. Description of variables in the breast cancer study 
 
Since the goal of regression tree is to partition patients into groups on the basis of similarity 
of their responses to treatment, we constructed a separate regression tree for each treatment 
(tamoxifen alone and tamoxifen plus radiation). The partitioning is based on baseline 
characteristics such as patient demographics and clinical measurements. The final tree 
structure provides treatment effect within each group of patients. The question to be 
answered by this type of analysis is – for whom does treatment work best? 
The partitioning exploration is employed to find group of patients for each treatment by 
using decision tree. With respect to cumulative incidence of relapse, we obtained four 
groups of patients which are treated by tamoxifen alone, and three groups of patients which 
are treated by tamoxifen plus radiation (Figure 8). 
 

 
Fig. 8. Decision tree for probability for relapse  
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1.  If Zk is ordered, then the data will be split into two groups specified by {Zk < c} and {Zk  
c} respectively; 

2.  If Zk is nominal, then any subset of the possible nominal values could induce a split. 
The "best split" is defined to be the one corresponding to the minimum deviance statistic. 
Subsequently the data are partitioned into two groups according to the best split. The 
partitioning continues until a criterion is met. Some DT methods use a direct stopping rule 
that stops splitting if a further partitioned does not improve some criterion. However, this 
may miss finding a good split later on. Other methods grow a large tree, and then prune it 
back to a smaller size. 

 
5.1.2 Algorithm to Prune Tree 
The idea of pruning is to iteratively cut off branches of the initial tree, T0, in order to locate a 
limited number of candidate subtrees from which an optimally sized tree is selected. To our 
method, we adopt Segal’s pruning algorithm (Segal, 1988) which exerts little computational 
burden. The steps for adopting this algorithm is as follows: 
1. Initially grow a large tree. 
2. To each of the internal nodes in the original tree, assign the maximal splitting statistic 

contained in the corresponding branch. This statistic reflects strength of linking for the 
branch to the tree. 

3. Among all these internal nodes, finds the one with the smallest statistic. That is, find the 
branch that has the weakest link and then prune off this branch from the tree. 

4. The second pruned tree can be obtained in a similar manner by applying the above two 
steps to the first pruned tree. 

5. Repeating this process until the pruned tree contains only the root node, finally a 
sequence of nested trees is obtained.  

The desired tree can be obtained by plotting the size of these trees against their weakest 
linking statistics. The tree corresponding to the “kink” point in the curve is chosen as the 
best one. 

 
5.1.3 Application: Breast cancer data 
As an application of competing risks DT, we used breast cancer data from Fyles et al. (2004). 
Between December 1992 and June 2000, 639 women 50 years of age or older who had 
undergone breast-conserving surgery for an invasive adenocarcinoma 5 cm or less in 
diameter (pathological stage T1 or T2) were randomly assigned to receive breast irradiation 
plus tamoxifen, RT+Tam, (319 women) or tamoxifen alone, Tam, (320 women). Participating 
centers included the Princess Margaret Hospital, the Women’s College Campus of the 
Sunnybrook and Women’s College Health Science Centre in Toronto, and the British 
Columbia Cancer Agency centers in Vancouver and Victoria. Table 2 contains the list of 
variables and their descriptions. 
The events that might occur in breast cancer study are relapse, second malignancy and 
death. Here we chose relapse as the event of interest. The patient’s survival time was the 
time length between the date of randomization and the occurrence of one event or last 
follow-up date. 
 
 

 

Variable name Description 
tx Randomized treatment: 0=tamoxifen, 1=radiation+tamoxifen 
Variable assessed at the time of randomization 
pathsize  Size of the tumour (cm) 
hist  Histology: 1=ductal, 2=lobular,3=medullary, 4=mixed, 5=other 
hrlevel  Hormone receptor level: 0=negative, 1=positive 
hgb  Haemoglobin (g/l) 
nodedis  Whether axillary node dissection was done, 0=Yes, 1=No 
age  Age (years) 
Outcome variables 
time  Time from randomization to event (relapse, second malignancy 

or death) or last follow up (years) 
d  Status at last follow-up: 0=censored, 1=relapse, 2=malignancy, 

3=death 
Table 2. Description of variables in the breast cancer study 
 
Since the goal of regression tree is to partition patients into groups on the basis of similarity 
of their responses to treatment, we constructed a separate regression tree for each treatment 
(tamoxifen alone and tamoxifen plus radiation). The partitioning is based on baseline 
characteristics such as patient demographics and clinical measurements. The final tree 
structure provides treatment effect within each group of patients. The question to be 
answered by this type of analysis is – for whom does treatment work best? 
The partitioning exploration is employed to find group of patients for each treatment by 
using decision tree. With respect to cumulative incidence of relapse, we obtained four 
groups of patients which are treated by tamoxifen alone, and three groups of patients which 
are treated by tamoxifen plus radiation (Figure 8). 
 

 
Fig. 8. Decision tree for probability for relapse  
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1.  If Zk is ordered, then the data will be split into two groups specified by {Zk < c} and {Zk  
c} respectively; 

2.  If Zk is nominal, then any subset of the possible nominal values could induce a split. 
The "best split" is defined to be the one corresponding to the minimum deviance statistic. 
Subsequently the data are partitioned into two groups according to the best split. The 
partitioning continues until a criterion is met. Some DT methods use a direct stopping rule 
that stops splitting if a further partitioned does not improve some criterion. However, this 
may miss finding a good split later on. Other methods grow a large tree, and then prune it 
back to a smaller size. 
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characteristics such as patient demographics and clinical measurements. The final tree 
structure provides treatment effect within each group of patients. The question to be 
answered by this type of analysis is – for whom does treatment work best? 
The partitioning exploration is employed to find group of patients for each treatment by 
using decision tree. With respect to cumulative incidence of relapse, we obtained four 
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The description of four groups of patient which were treated by tamoxifen alone is: 
1. Node 2: tumour size < 1.3 cm 
2. Node 4: tumour size  1.3 cm and age < 59.5 years 
3. Node 6: tumour size  1.3 cm and age  59.5 years and haemoglobin < 139 g/l 
4. Node 7: tumour size  1.3 cm and age  59.5 years and haemoglobin  139 g/l 
This group formation reveals that node 2 has the lowest cumulative incidence of relapse up 
to about 8 years, whereas node 4 has the highest cumulative incidence (Figure 9). 
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Fig. 9. Cumulative incidence of relapse for groups resulted by decision tree for patient with 
tamoxifen alone 
 
For patients with tamoxifen plus radiation, there were three groups resulted from decision 
tree, namely: 
1. Node 2: tumour size < 2 cm 
2. Node 4: tumour size  2 cm and hormone receptor level negative 
3. Node 5: tumour size  2 cm and hormone receptor level positive 
Women with tamoxifen plus radiation whose tumour size less than 2 cm have the lowest 
probability to relapse, whereas the highest probability is for those whose tumour size  2cm 
and negative hormone receptor level (Figure 10). 
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Fig. 10. Cumulative incidence of relapse for groups resulted from decision tree for patient 
with tamoxifen plus radiation 
 
Overall comparison for both treatments reveals that the poorest and best prognosis are from 
tamoxifen plus radiation treatment group. We found that tamoxifen plus radiation is not 

 

effective for those women whose tumour size greater than 2 cm and negative hormone 
receptor level. This group is more likely to relapse compared to the others. On the other 
hand, patients with tamoxifen plus radiation and tumor size less than 2 cm have the best 
prognosis, because they are less likely to relapse (Figure 11). 
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Fig. 11. Cumulative incidence for relapse for all groups resulted from decision tree 

 
5.2 “Composite event” decision tree for competing risks data 
In this section we introduce a DT for data with competing risks for the situation where more 
than one competing risk is of interest to the researcher. This method uses a between-node 
separation method via composite measure of the risk of two more events based on the 
multivariate test of CIFs (Luo & Turnbull, 1999). In sections 5.2.1 and 5.2.2, we outline the 
methods for splitting, growing, pruning, and selecting the final tree. In Section 5.2.3, we 
illustrate the techniques by analyzing contraceptive discontinuation data. 

 
5.2.1 The growing stage 
We begin by selecting a splitting function based on event-specific cumulative CIFs. The CIF 
is a marginal probability of failure for the event of interest. Instead of using the overall 
survival function, the CIF is used to summarize data with competing risks. After splitting 
the covariate, we use a method based on one proposed by Luo & Turnbull (1999) to compare 
the CIFs for event 1 and 2 for group 1, with the CIFs for event 1 and 2 for group 2. In this 
method, Luo & Turnbull extend the rank-based tests for data with a single event (e.g., the 
log-rank test, the generalized Wilcoxon test, and the Fleming-Harrington test) to apply to 
data with multivariate competing risks of interest. For our method, we repeated the process 
of splitting and comparing CIFs until we find the two CIFs with the maximum between-
node heterogeneity. 
For any split, we let k = 1, 2 denote the two groups. Recall that in the competing risk setting, 
“failures” or “events” are categorized into several mutually exclusive types. Suppose there 
are j = 1, ..., J different event types. Without loss of generality, we assume that there are two 
events of interest, J = 2, and censoring, but the following can be generalized to three or more 
events. Let Yik and Cik be the true failure time and censoring time, respectively, for the ith 
individual (i = 1, ... , n) in group k. Let ik  {1, ... , J} be the indicator of the true event type. 
For  each  individual  i  in  a  set  of  data,  we  observe (Tik, δik), where Tik = min(Yik,Cik) and 
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The description of four groups of patient which were treated by tamoxifen alone is: 
1. Node 2: tumour size < 1.3 cm 
2. Node 4: tumour size  1.3 cm and age < 59.5 years 
3. Node 6: tumour size  1.3 cm and age  59.5 years and haemoglobin < 139 g/l 
4. Node 7: tumour size  1.3 cm and age  59.5 years and haemoglobin  139 g/l 
This group formation reveals that node 2 has the lowest cumulative incidence of relapse up 
to about 8 years, whereas node 4 has the highest cumulative incidence (Figure 9). 
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Fig. 9. Cumulative incidence of relapse for groups resulted by decision tree for patient with 
tamoxifen alone 
 
For patients with tamoxifen plus radiation, there were three groups resulted from decision 
tree, namely: 
1. Node 2: tumour size < 2 cm 
2. Node 4: tumour size  2 cm and hormone receptor level negative 
3. Node 5: tumour size  2 cm and hormone receptor level positive 
Women with tamoxifen plus radiation whose tumour size less than 2 cm have the lowest 
probability to relapse, whereas the highest probability is for those whose tumour size  2cm 
and negative hormone receptor level (Figure 10). 
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Fig. 10. Cumulative incidence of relapse for groups resulted from decision tree for patient 
with tamoxifen plus radiation 
 
Overall comparison for both treatments reveals that the poorest and best prognosis are from 
tamoxifen plus radiation treatment group. We found that tamoxifen plus radiation is not 

 

effective for those women whose tumour size greater than 2 cm and negative hormone 
receptor level. This group is more likely to relapse compared to the others. On the other 
hand, patients with tamoxifen plus radiation and tumor size less than 2 cm have the best 
prognosis, because they are less likely to relapse (Figure 11). 
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5.2 “Composite event” decision tree for competing risks data 
In this section we introduce a DT for data with competing risks for the situation where more 
than one competing risk is of interest to the researcher. This method uses a between-node 
separation method via composite measure of the risk of two more events based on the 
multivariate test of CIFs (Luo & Turnbull, 1999). In sections 5.2.1 and 5.2.2, we outline the 
methods for splitting, growing, pruning, and selecting the final tree. In Section 5.2.3, we 
illustrate the techniques by analyzing contraceptive discontinuation data. 

 
5.2.1 The growing stage 
We begin by selecting a splitting function based on event-specific cumulative CIFs. The CIF 
is a marginal probability of failure for the event of interest. Instead of using the overall 
survival function, the CIF is used to summarize data with competing risks. After splitting 
the covariate, we use a method based on one proposed by Luo & Turnbull (1999) to compare 
the CIFs for event 1 and 2 for group 1, with the CIFs for event 1 and 2 for group 2. In this 
method, Luo & Turnbull extend the rank-based tests for data with a single event (e.g., the 
log-rank test, the generalized Wilcoxon test, and the Fleming-Harrington test) to apply to 
data with multivariate competing risks of interest. For our method, we repeated the process 
of splitting and comparing CIFs until we find the two CIFs with the maximum between-
node heterogeneity. 
For any split, we let k = 1, 2 denote the two groups. Recall that in the competing risk setting, 
“failures” or “events” are categorized into several mutually exclusive types. Suppose there 
are j = 1, ..., J different event types. Without loss of generality, we assume that there are two 
events of interest, J = 2, and censoring, but the following can be generalized to three or more 
events. Let Yik and Cik be the true failure time and censoring time, respectively, for the ith 
individual (i = 1, ... , n) in group k. Let ik  {1, ... , J} be the indicator of the true event type. 
For  each  individual  i  in  a  set  of  data,  we  observe (Tik, δik), where Tik = min(Yik,Cik) and 
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The description of four groups of patient which were treated by tamoxifen alone is: 
1. Node 2: tumour size < 1.3 cm 
2. Node 4: tumour size  1.3 cm and age < 59.5 years 
3. Node 6: tumour size  1.3 cm and age  59.5 years and haemoglobin < 139 g/l 
4. Node 7: tumour size  1.3 cm and age  59.5 years and haemoglobin  139 g/l 
This group formation reveals that node 2 has the lowest cumulative incidence of relapse up 
to about 8 years, whereas node 4 has the highest cumulative incidence (Figure 9). 
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tamoxifen alone 
 
For patients with tamoxifen plus radiation, there were three groups resulted from decision 
tree, namely: 
1. Node 2: tumour size < 2 cm 
2. Node 4: tumour size  2 cm and hormone receptor level negative 
3. Node 5: tumour size  2 cm and hormone receptor level positive 
Women with tamoxifen plus radiation whose tumour size less than 2 cm have the lowest 
probability to relapse, whereas the highest probability is for those whose tumour size  2cm 
and negative hormone receptor level (Figure 10). 
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Fig. 10. Cumulative incidence of relapse for groups resulted from decision tree for patient 
with tamoxifen plus radiation 
 
Overall comparison for both treatments reveals that the poorest and best prognosis are from 
tamoxifen plus radiation treatment group. We found that tamoxifen plus radiation is not 

 

effective for those women whose tumour size greater than 2 cm and negative hormone 
receptor level. This group is more likely to relapse compared to the others. On the other 
hand, patients with tamoxifen plus radiation and tumor size less than 2 cm have the best 
prognosis, because they are less likely to relapse (Figure 11). 
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Fig. 11. Cumulative incidence for relapse for all groups resulted from decision tree 

 
5.2 “Composite event” decision tree for competing risks data 
In this section we introduce a DT for data with competing risks for the situation where more 
than one competing risk is of interest to the researcher. This method uses a between-node 
separation method via composite measure of the risk of two more events based on the 
multivariate test of CIFs (Luo & Turnbull, 1999). In sections 5.2.1 and 5.2.2, we outline the 
methods for splitting, growing, pruning, and selecting the final tree. In Section 5.2.3, we 
illustrate the techniques by analyzing contraceptive discontinuation data. 

 
5.2.1 The growing stage 
We begin by selecting a splitting function based on event-specific cumulative CIFs. The CIF 
is a marginal probability of failure for the event of interest. Instead of using the overall 
survival function, the CIF is used to summarize data with competing risks. After splitting 
the covariate, we use a method based on one proposed by Luo & Turnbull (1999) to compare 
the CIFs for event 1 and 2 for group 1, with the CIFs for event 1 and 2 for group 2. In this 
method, Luo & Turnbull extend the rank-based tests for data with a single event (e.g., the 
log-rank test, the generalized Wilcoxon test, and the Fleming-Harrington test) to apply to 
data with multivariate competing risks of interest. For our method, we repeated the process 
of splitting and comparing CIFs until we find the two CIFs with the maximum between-
node heterogeneity. 
For any split, we let k = 1, 2 denote the two groups. Recall that in the competing risk setting, 
“failures” or “events” are categorized into several mutually exclusive types. Suppose there 
are j = 1, ..., J different event types. Without loss of generality, we assume that there are two 
events of interest, J = 2, and censoring, but the following can be generalized to three or more 
events. Let Yik and Cik be the true failure time and censoring time, respectively, for the ith 
individual (i = 1, ... , n) in group k. Let ik  {1, ... , J} be the indicator of the true event type. 
For  each  individual  i  in  a  set  of  data,  we  observe (Tik, δik), where Tik = min(Yik,Cik) and 
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The description of four groups of patient which were treated by tamoxifen alone is: 
1. Node 2: tumour size < 1.3 cm 
2. Node 4: tumour size  1.3 cm and age < 59.5 years 
3. Node 6: tumour size  1.3 cm and age  59.5 years and haemoglobin < 139 g/l 
4. Node 7: tumour size  1.3 cm and age  59.5 years and haemoglobin  139 g/l 
This group formation reveals that node 2 has the lowest cumulative incidence of relapse up 
to about 8 years, whereas node 4 has the highest cumulative incidence (Figure 9). 
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For patients with tamoxifen plus radiation, there were three groups resulted from decision 
tree, namely: 
1. Node 2: tumour size < 2 cm 
2. Node 4: tumour size  2 cm and hormone receptor level negative 
3. Node 5: tumour size  2 cm and hormone receptor level positive 
Women with tamoxifen plus radiation whose tumour size less than 2 cm have the lowest 
probability to relapse, whereas the highest probability is for those whose tumour size  2cm 
and negative hormone receptor level (Figure 10). 
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Fig. 10. Cumulative incidence of relapse for groups resulted from decision tree for patient 
with tamoxifen plus radiation 
 
Overall comparison for both treatments reveals that the poorest and best prognosis are from 
tamoxifen plus radiation treatment group. We found that tamoxifen plus radiation is not 

 

effective for those women whose tumour size greater than 2 cm and negative hormone 
receptor level. This group is more likely to relapse compared to the others. On the other 
hand, patients with tamoxifen plus radiation and tumor size less than 2 cm have the best 
prognosis, because they are less likely to relapse (Figure 11). 
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Fig. 11. Cumulative incidence for relapse for all groups resulted from decision tree 

 
5.2 “Composite event” decision tree for competing risks data 
In this section we introduce a DT for data with competing risks for the situation where more 
than one competing risk is of interest to the researcher. This method uses a between-node 
separation method via composite measure of the risk of two more events based on the 
multivariate test of CIFs (Luo & Turnbull, 1999). In sections 5.2.1 and 5.2.2, we outline the 
methods for splitting, growing, pruning, and selecting the final tree. In Section 5.2.3, we 
illustrate the techniques by analyzing contraceptive discontinuation data. 

 
5.2.1 The growing stage 
We begin by selecting a splitting function based on event-specific cumulative CIFs. The CIF 
is a marginal probability of failure for the event of interest. Instead of using the overall 
survival function, the CIF is used to summarize data with competing risks. After splitting 
the covariate, we use a method based on one proposed by Luo & Turnbull (1999) to compare 
the CIFs for event 1 and 2 for group 1, with the CIFs for event 1 and 2 for group 2. In this 
method, Luo & Turnbull extend the rank-based tests for data with a single event (e.g., the 
log-rank test, the generalized Wilcoxon test, and the Fleming-Harrington test) to apply to 
data with multivariate competing risks of interest. For our method, we repeated the process 
of splitting and comparing CIFs until we find the two CIFs with the maximum between-
node heterogeneity. 
For any split, we let k = 1, 2 denote the two groups. Recall that in the competing risk setting, 
“failures” or “events” are categorized into several mutually exclusive types. Suppose there 
are j = 1, ..., J different event types. Without loss of generality, we assume that there are two 
events of interest, J = 2, and censoring, but the following can be generalized to three or more 
events. Let Yik and Cik be the true failure time and censoring time, respectively, for the ith 
individual (i = 1, ... , n) in group k. Let ik  {1, ... , J} be the indicator of the true event type. 
For  each  individual  i  in  a  set  of  data,  we  observe (Tik, δik), where Tik = min(Yik,Cik) and 
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δik = ik I(Tik ≤ Cik). We assume that observations from different individuals within a group 
are independent and identically distributed, but we assume that the underlying competing 
risk processes for each individual may be dependent. We also assume that the censoring 
time Cik is independent of the failure time Yik for any event j. 
For event j and group k, the CIF is defined as Fjk(t) = P(Yik ≤ t, δik = j). For each possible split  
of a covariate for a node, we need to test whether the CIFs are equal for each event j, that is, 
we need to test 
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Fjk(t) has sub-density fjk(t). We also define      
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function for individuals in group k. Let nk be the sample size from the kth sample. The jth 
component of the multivariate rank-based test statistic is 
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and  sW j
ˆ  is a weight function that converges to some weight, Wj(s), in probability. We 

consider weights in the same class as those proposed by Gray (1988), 
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ˆ  is the estimated CIF for event j when data from group 1 and group 2 are 
combined. The parameter r controls the assignment of the weights with respect to time. 
When r = −1, more weight is given to early differences; when r = 1, more weight is given to 
late differences. τ denotes the “horizon” time; a fixed, final time-point. 
To compare two sets of CIFs after a split, we use the fact that T = (T1, T2) = (X1/σ1, X2 /σ2) 
follows a bivariate normal distribution asymptotically under the null hypothesis, 
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for some . The estimator of σ1, σ2, the covariance   and correlation ρ are provided in 
equation (4) by Luo & Turnbul (1999). 
In order to be able to compare the splits, we use a univariate measure of between-node  
heterogeneity based on Mahalanobis distance, 
 

G(s)=T’-1T (31) 
 
where s represents a particular split of the data into two groups and   is the corresponding 
covariance matrix given by ̂ , 2

1̂ and 2
2̂ . 

To choose the split that corresponds to the largest two-sample statistic, we compute the 
statistic G(s) for all possible splits s on all the covariates for the whole sample, L. If a 
covariate Z is continuous or ordinal, then we look at all the possible cutpoints c that divides 
the sample into two groups, Z < c and Z  c. If a covariate is nominal, then we consider all 
the possible ways of forming the two groups. We repeat this process for all subsequent 
branches of the tree until we reach one of the predefined stopping criteria. The usual criteria 
for the growing stage are that the sample size in each terminal node is very small, the 
subgroups are homogeneous with respect to the covariates, and Fjk cannot be estimated (e.g. 
the subgroup contains no j-type events). 
By using the splitting method, we can grow the largest possible tree, T0, from the data. This 
tree will capture most of the possible binary, hierarchical structure of the data and the 
dependencies among the covariates. 

 
5.2.2 The pruning stage 
The largest grown tree, T0, is designed to perfectly or almost perfectly predict every case in a 
data set. However, if most or all of the splits of T0 are essentially based on random noise, 
then the prediction results would be poor if we used T0 to predict subgroups for another 
data set. To balance the trade-off between the fidelity and overfitting of the current data set, 
the usual approach is to prune the tree. We begin by removing the branches that result from 
random noise contained in the data used to build the largest grown tree (the training data). 
Then we build a sequence of subtrees, calculate their estimated discrimination, and select 
the subtree that maximizes total amount of discrimination with respect to the validation 
data. 
To create a sequence of pruned subtrees from T0, we use the complexity penalty method 
proposed by LeBlanc & Crowley (1993). Let S and T~  denote the sets of internal and terminal 
nodes of the tree T, respectively. Suppose let || denotes the cardinality of a set, that is, |S| 
is equal to the total number of internal nodes, and | T~ | is equal to the total number of 
terminal nodes for tree T. Let G(T) be the amount of discrimination for tree T based on the 
training data, and let |S| be the penalty that measures the complexity of T, where  > 0 
represents the trade-off between the tree’s prognostic information (or discrimination) and 
the tree’s complexity. Then pruning the weakest branch of T is equivalent to maximizing the 
complexity penalty function so that 
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δik = ik I(Tik ≤ Cik). We assume that observations from different individuals within a group 
are independent and identically distributed, but we assume that the underlying competing 
risk processes for each individual may be dependent. We also assume that the censoring 
time Cik is independent of the failure time Yik for any event j. 
For event j and group k, the CIF is defined as Fjk(t) = P(Yik ≤ t, δik = j). For each possible split  
of a covariate for a node, we need to test whether the CIFs are equal for each event j, that is, 
we need to test 
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ˆ  is a weight function that converges to some weight, Wj(s), in probability. We 

consider weights in the same class as those proposed by Gray (1988), 
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combined. The parameter r controls the assignment of the weights with respect to time. 
When r = −1, more weight is given to early differences; when r = 1, more weight is given to 
late differences. τ denotes the “horizon” time; a fixed, final time-point. 
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for some . The estimator of σ1, σ2, the covariance   and correlation ρ are provided in 
equation (4) by Luo & Turnbul (1999). 
In order to be able to compare the splits, we use a univariate measure of between-node  
heterogeneity based on Mahalanobis distance, 
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where s represents a particular split of the data into two groups and   is the corresponding 
covariance matrix given by ̂ , 2
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To choose the split that corresponds to the largest two-sample statistic, we compute the 
statistic G(s) for all possible splits s on all the covariates for the whole sample, L. If a 
covariate Z is continuous or ordinal, then we look at all the possible cutpoints c that divides 
the sample into two groups, Z < c and Z  c. If a covariate is nominal, then we consider all 
the possible ways of forming the two groups. We repeat this process for all subsequent 
branches of the tree until we reach one of the predefined stopping criteria. The usual criteria 
for the growing stage are that the sample size in each terminal node is very small, the 
subgroups are homogeneous with respect to the covariates, and Fjk cannot be estimated (e.g. 
the subgroup contains no j-type events). 
By using the splitting method, we can grow the largest possible tree, T0, from the data. This 
tree will capture most of the possible binary, hierarchical structure of the data and the 
dependencies among the covariates. 

 
5.2.2 The pruning stage 
The largest grown tree, T0, is designed to perfectly or almost perfectly predict every case in a 
data set. However, if most or all of the splits of T0 are essentially based on random noise, 
then the prediction results would be poor if we used T0 to predict subgroups for another 
data set. To balance the trade-off between the fidelity and overfitting of the current data set, 
the usual approach is to prune the tree. We begin by removing the branches that result from 
random noise contained in the data used to build the largest grown tree (the training data). 
Then we build a sequence of subtrees, calculate their estimated discrimination, and select 
the subtree that maximizes total amount of discrimination with respect to the validation 
data. 
To create a sequence of pruned subtrees from T0, we use the complexity penalty method 
proposed by LeBlanc & Crowley (1993). Let S and T~  denote the sets of internal and terminal 
nodes of the tree T, respectively. Suppose let || denotes the cardinality of a set, that is, |S| 
is equal to the total number of internal nodes, and | T~ | is equal to the total number of 
terminal nodes for tree T. Let G(T) be the amount of discrimination for tree T based on the 
training data, and let |S| be the penalty that measures the complexity of T, where  > 0 
represents the trade-off between the tree’s prognostic information (or discrimination) and 
the tree’s complexity. Then pruning the weakest branch of T is equivalent to maximizing the 
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δik = ik I(Tik ≤ Cik). We assume that observations from different individuals within a group 
are independent and identically distributed, but we assume that the underlying competing 
risk processes for each individual may be dependent. We also assume that the censoring 
time Cik is independent of the failure time Yik for any event j. 
For event j and group k, the CIF is defined as Fjk(t) = P(Yik ≤ t, δik = j). For each possible split  
of a covariate for a node, we need to test whether the CIFs are equal for each event j, that is, 
we need to test 
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ˆ  is a weight function that converges to some weight, Wj(s), in probability. We 

consider weights in the same class as those proposed by Gray (1988), 
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for some . The estimator of σ1, σ2, the covariance   and correlation ρ are provided in 
equation (4) by Luo & Turnbul (1999). 
In order to be able to compare the splits, we use a univariate measure of between-node  
heterogeneity based on Mahalanobis distance, 
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where s represents a particular split of the data into two groups and   is the corresponding 
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To choose the split that corresponds to the largest two-sample statistic, we compute the 
statistic G(s) for all possible splits s on all the covariates for the whole sample, L. If a 
covariate Z is continuous or ordinal, then we look at all the possible cutpoints c that divides 
the sample into two groups, Z < c and Z  c. If a covariate is nominal, then we consider all 
the possible ways of forming the two groups. We repeat this process for all subsequent 
branches of the tree until we reach one of the predefined stopping criteria. The usual criteria 
for the growing stage are that the sample size in each terminal node is very small, the 
subgroups are homogeneous with respect to the covariates, and Fjk cannot be estimated (e.g. 
the subgroup contains no j-type events). 
By using the splitting method, we can grow the largest possible tree, T0, from the data. This 
tree will capture most of the possible binary, hierarchical structure of the data and the 
dependencies among the covariates. 

 
5.2.2 The pruning stage 
The largest grown tree, T0, is designed to perfectly or almost perfectly predict every case in a 
data set. However, if most or all of the splits of T0 are essentially based on random noise, 
then the prediction results would be poor if we used T0 to predict subgroups for another 
data set. To balance the trade-off between the fidelity and overfitting of the current data set, 
the usual approach is to prune the tree. We begin by removing the branches that result from 
random noise contained in the data used to build the largest grown tree (the training data). 
Then we build a sequence of subtrees, calculate their estimated discrimination, and select 
the subtree that maximizes total amount of discrimination with respect to the validation 
data. 
To create a sequence of pruned subtrees from T0, we use the complexity penalty method 
proposed by LeBlanc & Crowley (1993). Let S and T~  denote the sets of internal and terminal 
nodes of the tree T, respectively. Suppose let || denotes the cardinality of a set, that is, |S| 
is equal to the total number of internal nodes, and | T~ | is equal to the total number of 
terminal nodes for tree T. Let G(T) be the amount of discrimination for tree T based on the 
training data, and let |S| be the penalty that measures the complexity of T, where  > 0 
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ˆ  is a weight function that converges to some weight, Wj(s), in probability. We 

consider weights in the same class as those proposed by Gray (1988), 
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for some . The estimator of σ1, σ2, the covariance   and correlation ρ are provided in 
equation (4) by Luo & Turnbul (1999). 
In order to be able to compare the splits, we use a univariate measure of between-node  
heterogeneity based on Mahalanobis distance, 
 

G(s)=T’-1T (31) 
 
where s represents a particular split of the data into two groups and   is the corresponding 
covariance matrix given by ̂ , 2

1̂ and 2
2̂ . 

To choose the split that corresponds to the largest two-sample statistic, we compute the 
statistic G(s) for all possible splits s on all the covariates for the whole sample, L. If a 
covariate Z is continuous or ordinal, then we look at all the possible cutpoints c that divides 
the sample into two groups, Z < c and Z  c. If a covariate is nominal, then we consider all 
the possible ways of forming the two groups. We repeat this process for all subsequent 
branches of the tree until we reach one of the predefined stopping criteria. The usual criteria 
for the growing stage are that the sample size in each terminal node is very small, the 
subgroups are homogeneous with respect to the covariates, and Fjk cannot be estimated (e.g. 
the subgroup contains no j-type events). 
By using the splitting method, we can grow the largest possible tree, T0, from the data. This 
tree will capture most of the possible binary, hierarchical structure of the data and the 
dependencies among the covariates. 

 
5.2.2 The pruning stage 
The largest grown tree, T0, is designed to perfectly or almost perfectly predict every case in a 
data set. However, if most or all of the splits of T0 are essentially based on random noise, 
then the prediction results would be poor if we used T0 to predict subgroups for another 
data set. To balance the trade-off between the fidelity and overfitting of the current data set, 
the usual approach is to prune the tree. We begin by removing the branches that result from 
random noise contained in the data used to build the largest grown tree (the training data). 
Then we build a sequence of subtrees, calculate their estimated discrimination, and select 
the subtree that maximizes total amount of discrimination with respect to the validation 
data. 
To create a sequence of pruned subtrees from T0, we use the complexity penalty method 
proposed by LeBlanc & Crowley (1993). Let S and T~  denote the sets of internal and terminal 
nodes of the tree T, respectively. Suppose let || denotes the cardinality of a set, that is, |S| 
is equal to the total number of internal nodes, and | T~ | is equal to the total number of 
terminal nodes for tree T. Let G(T) be the amount of discrimination for tree T based on the 
training data, and let |S| be the penalty that measures the complexity of T, where  > 0 
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where   means “is a subtree of”. 
In our case, let G(h) be the quantity defined in equation (31) for node h, and let 
    


Sh

hGTG  be the sum of these maximum statistics over all internal nodes. Let the 

complexity penalty function be denoted as G(T) = G(T) − |S|. Our goal is to prune the 
tree branch that has the smallest G(T) value and is thus the weakest branch. For each node 
h, we need to solve the equation     0 hhh STGTG  for . In this case, 
 

   
h

h

S
TGhg   

 
As  increases from 0, we can find the first point of  at which the split makes a net negative 
contribution to the total amount of prognostic information in the tree. 
We prune the split with the smallest g(h) and then repeat this process until we have an 
ordered list of optimally pruned subtrees from the smallest tree (the root node tree, TM) to 
the largest tree (T0): 

011 TTTTT mmM    
 

and the corresponding ordered list of g(h)’s is 
 

 = M >…> m > m-1 >…> 1 > 0 = 0 
 

Now that we have constructed a sequence of subtrees and have calculated their estimated 
discrimination, we need to select the final pruned tree to use. The tree of choice is the one 
that best maximizes the total amount of discrimination when applied to the validation data. 
For validation, we used test-sample validation. The test-sample validation method uses the 
current data set (the training data set) to grow and prune trees, and it uses an external data 
set (the validation data set) to assess the performance of the trees. 

 
5.2.3 Application: Contraceptive discontinuation data 
To illustrate the use of the composite event competing risk tree, we apply this method to 
contraceptive discontinuation data of 2631 women taken from the database of the 
Indonesian Demographic and Health Survey (IDHS) year 2002. This is the national 
retrospective database consisting of data on time to contraceptive discontinuation. All 
subjects were investigated on the history of last episode of contraceptive discontinuation. 
We observed the length of time of the last contraception use, and we focused on three types 
of discontinuation in a competing risks framework. The outcomes we considered were 
failure, contraceptive abandonment while in need of family planning, and switching to 
another contraceptive method. A discontinuation is defined as a contraceptive failure if the 
woman reported that she became pregnant while using the method. Thus, this definition 
includes both failures of the method itself and failure owing to incorrect or inconsistent use 
of the method. Adoption of different method within one month of discontinuation is 
classified as a method switch, whereas continuation of nonuse for one month or more is 
classified as contraceptive abandonment. Clearly, contraceptive failure is of interest because 
it leads directly to an unintended pregnancy. Contraceptive abandonment is also important 

 

outcome to study because it leads to immediate risk of unintended pregnancy. Both type of 
events are our interested composite events because they lead to unintended pregnancy. 
Method switching also may lead to an increased risk of unintended pregnancy if use of a 
modern method is discontinued in favour of a less effective, traditional method.  
We incorporated six predictor variables. Besides age of start of contraceptive use, we also 
considered some additional covariates which are supposed to be able to explain the rate of 
discontinuation. The important one was the contraceptive method. For this analysis, 
contraceptive methods were grouped into three categories: pills and injectables, IUDs and 
implants, and other modern methods (mainly condoms). The other covariates were 
woman’s education (primary or lower, secondary, university), household social and 
economic status (1 – 7 scores), area of residence (urban, rural), and religion (Moslem, non-
Moslem). 
Figure 12 shows the final trees selected by test sample method to the composite event 
competing risks tree method. Figure 13 show the plots of CIFs for the nodes for failure, 
abandonment and switching events. 
 

 
Fig. 12. The multivariate DT for women on contraceptive discontinuation data. 
 

The final multivariate tree (Figure 12) had three terminal nodes, splitting on age (<39.33 vs. 
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complexity penalty function be denoted as G(T) = G(T) − |S|. Our goal is to prune the 
tree branch that has the smallest G(T) value and is thus the weakest branch. For each node 
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We prune the split with the smallest g(h) and then repeat this process until we have an 
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the largest tree (T0): 
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Now that we have constructed a sequence of subtrees and have calculated their estimated 
discrimination, we need to select the final pruned tree to use. The tree of choice is the one 
that best maximizes the total amount of discrimination when applied to the validation data. 
For validation, we used test-sample validation. The test-sample validation method uses the 
current data set (the training data set) to grow and prune trees, and it uses an external data 
set (the validation data set) to assess the performance of the trees. 
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retrospective database consisting of data on time to contraceptive discontinuation. All 
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failure, contraceptive abandonment while in need of family planning, and switching to 
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woman reported that she became pregnant while using the method. Thus, this definition 
includes both failures of the method itself and failure owing to incorrect or inconsistent use 
of the method. Adoption of different method within one month of discontinuation is 
classified as a method switch, whereas continuation of nonuse for one month or more is 
classified as contraceptive abandonment. Clearly, contraceptive failure is of interest because 
it leads directly to an unintended pregnancy. Contraceptive abandonment is also important 

 

outcome to study because it leads to immediate risk of unintended pregnancy. Both type of 
events are our interested composite events because they lead to unintended pregnancy. 
Method switching also may lead to an increased risk of unintended pregnancy if use of a 
modern method is discontinued in favour of a less effective, traditional method.  
We incorporated six predictor variables. Besides age of start of contraceptive use, we also 
considered some additional covariates which are supposed to be able to explain the rate of 
discontinuation. The important one was the contraceptive method. For this analysis, 
contraceptive methods were grouped into three categories: pills and injectables, IUDs and 
implants, and other modern methods (mainly condoms). The other covariates were 
woman’s education (primary or lower, secondary, university), household social and 
economic status (1 – 7 scores), area of residence (urban, rural), and religion (Moslem, non-
Moslem). 
Figure 12 shows the final trees selected by test sample method to the composite event 
competing risks tree method. Figure 13 show the plots of CIFs for the nodes for failure, 
abandonment and switching events. 
 

 
Fig. 12. The multivariate DT for women on contraceptive discontinuation data. 
 

The final multivariate tree (Figure 12) had three terminal nodes, splitting on age (<39.33 vs. 
39.33 years), and contraceptive method (pills, injectables, IUDs and implants vs. other 
modern methods). 
 

0 20 40 60 80

0.
00

0.
01

0.
02

0.
03

0.
04

0.
05

0.
06

0.
07

Month used

Pr
ob

ab
ilit

y 
to

 fa
ilu

re

node5 (young age & other method )

node4 (young age & pill/inj/IUD/imp )

node3 (old age)

0 20 40 60 80

0.
0

0.
1

0.
2

0.
3

0.
4

0.
5

0.
6

0.
7

Month used

Pr
ob

ab
ilit

y 
to

 a
ba

nd
on

node3 (old age)

node4 (young age & pill/inj/IUD/imp 

node5 (young age & other method )

0 20 40 60 80

0.
0

0.
1

0.
2

0.
3

0.
4

0.
5

0.
6

Month used

P
ro

ba
bi

lity
 to

 s
w

itc
h

node3 (old age)

node4 (young age & pill/inj/IUD/imp )

node5 (young age & other method )

 
Fig. 13. CIFs of failure (left), abandonment (middle), and switching (right) event for each 
terminal node of the multivariate DT. 



Recent Advances in Technologies28

 

where   means “is a subtree of”. 
In our case, let G(h) be the quantity defined in equation (31) for node h, and let 
    


Sh

hGTG  be the sum of these maximum statistics over all internal nodes. Let the 

complexity penalty function be denoted as G(T) = G(T) − |S|. Our goal is to prune the 
tree branch that has the smallest G(T) value and is thus the weakest branch. For each node 
h, we need to solve the equation     0 hhh STGTG  for . In this case, 
 

   
h

h

S
TGhg   

 
As  increases from 0, we can find the first point of  at which the split makes a net negative 
contribution to the total amount of prognostic information in the tree. 
We prune the split with the smallest g(h) and then repeat this process until we have an 
ordered list of optimally pruned subtrees from the smallest tree (the root node tree, TM) to 
the largest tree (T0): 

011 TTTTT mmM    
 

and the corresponding ordered list of g(h)’s is 
 

 = M >…> m > m-1 >…> 1 > 0 = 0 
 

Now that we have constructed a sequence of subtrees and have calculated their estimated 
discrimination, we need to select the final pruned tree to use. The tree of choice is the one 
that best maximizes the total amount of discrimination when applied to the validation data. 
For validation, we used test-sample validation. The test-sample validation method uses the 
current data set (the training data set) to grow and prune trees, and it uses an external data 
set (the validation data set) to assess the performance of the trees. 

 
5.2.3 Application: Contraceptive discontinuation data 
To illustrate the use of the composite event competing risk tree, we apply this method to 
contraceptive discontinuation data of 2631 women taken from the database of the 
Indonesian Demographic and Health Survey (IDHS) year 2002. This is the national 
retrospective database consisting of data on time to contraceptive discontinuation. All 
subjects were investigated on the history of last episode of contraceptive discontinuation. 
We observed the length of time of the last contraception use, and we focused on three types 
of discontinuation in a competing risks framework. The outcomes we considered were 
failure, contraceptive abandonment while in need of family planning, and switching to 
another contraceptive method. A discontinuation is defined as a contraceptive failure if the 
woman reported that she became pregnant while using the method. Thus, this definition 
includes both failures of the method itself and failure owing to incorrect or inconsistent use 
of the method. Adoption of different method within one month of discontinuation is 
classified as a method switch, whereas continuation of nonuse for one month or more is 
classified as contraceptive abandonment. Clearly, contraceptive failure is of interest because 
it leads directly to an unintended pregnancy. Contraceptive abandonment is also important 

 

outcome to study because it leads to immediate risk of unintended pregnancy. Both type of 
events are our interested composite events because they lead to unintended pregnancy. 
Method switching also may lead to an increased risk of unintended pregnancy if use of a 
modern method is discontinued in favour of a less effective, traditional method.  
We incorporated six predictor variables. Besides age of start of contraceptive use, we also 
considered some additional covariates which are supposed to be able to explain the rate of 
discontinuation. The important one was the contraceptive method. For this analysis, 
contraceptive methods were grouped into three categories: pills and injectables, IUDs and 
implants, and other modern methods (mainly condoms). The other covariates were 
woman’s education (primary or lower, secondary, university), household social and 
economic status (1 – 7 scores), area of residence (urban, rural), and religion (Moslem, non-
Moslem). 
Figure 12 shows the final trees selected by test sample method to the composite event 
competing risks tree method. Figure 13 show the plots of CIFs for the nodes for failure, 
abandonment and switching events. 
 

 
Fig. 12. The multivariate DT for women on contraceptive discontinuation data. 
 

The final multivariate tree (Figure 12) had three terminal nodes, splitting on age (<39.33 vs. 
39.33 years), and contraceptive method (pills, injectables, IUDs and implants vs. other 
modern methods). 
 

0 20 40 60 80

0.
00

0.
01

0.
02

0.
03

0.
04

0.
05

0.
06

0.
07

Month used

Pr
ob

ab
ilit

y 
to

 fa
ilu

re

node5 (young age & other method )

node4 (young age & pill/inj/IUD/imp )

node3 (old age)

0 20 40 60 80

0.
0

0.
1

0.
2

0.
3

0.
4

0.
5

0.
6

0.
7

Month used

Pr
ob

ab
ilit

y 
to

 a
ba

nd
on

node3 (old age)

node4 (young age & pill/inj/IUD/imp 

node5 (young age & other method )

0 20 40 60 80

0.
0

0.
1

0.
2

0.
3

0.
4

0.
5

0.
6

Month used

P
ro

ba
bi

lity
 to

 s
w

itc
h

node3 (old age)

node4 (young age & pill/inj/IUD/imp )

node5 (young age & other method )

 
Fig. 13. CIFs of failure (left), abandonment (middle), and switching (right) event for each 
terminal node of the multivariate DT. 

Decision Tree for Prognostic Classification of Multivariate Survival Data and Competing Risks 29

 

where   means “is a subtree of”. 
In our case, let G(h) be the quantity defined in equation (31) for node h, and let 
    


Sh

hGTG  be the sum of these maximum statistics over all internal nodes. Let the 

complexity penalty function be denoted as G(T) = G(T) − |S|. Our goal is to prune the 
tree branch that has the smallest G(T) value and is thus the weakest branch. For each node 
h, we need to solve the equation     0 hhh STGTG  for . In this case, 
 

   
h

h

S
TGhg   

 
As  increases from 0, we can find the first point of  at which the split makes a net negative 
contribution to the total amount of prognostic information in the tree. 
We prune the split with the smallest g(h) and then repeat this process until we have an 
ordered list of optimally pruned subtrees from the smallest tree (the root node tree, TM) to 
the largest tree (T0): 

011 TTTTT mmM    
 

and the corresponding ordered list of g(h)’s is 
 

 = M >…> m > m-1 >…> 1 > 0 = 0 
 

Now that we have constructed a sequence of subtrees and have calculated their estimated 
discrimination, we need to select the final pruned tree to use. The tree of choice is the one 
that best maximizes the total amount of discrimination when applied to the validation data. 
For validation, we used test-sample validation. The test-sample validation method uses the 
current data set (the training data set) to grow and prune trees, and it uses an external data 
set (the validation data set) to assess the performance of the trees. 

 
5.2.3 Application: Contraceptive discontinuation data 
To illustrate the use of the composite event competing risk tree, we apply this method to 
contraceptive discontinuation data of 2631 women taken from the database of the 
Indonesian Demographic and Health Survey (IDHS) year 2002. This is the national 
retrospective database consisting of data on time to contraceptive discontinuation. All 
subjects were investigated on the history of last episode of contraceptive discontinuation. 
We observed the length of time of the last contraception use, and we focused on three types 
of discontinuation in a competing risks framework. The outcomes we considered were 
failure, contraceptive abandonment while in need of family planning, and switching to 
another contraceptive method. A discontinuation is defined as a contraceptive failure if the 
woman reported that she became pregnant while using the method. Thus, this definition 
includes both failures of the method itself and failure owing to incorrect or inconsistent use 
of the method. Adoption of different method within one month of discontinuation is 
classified as a method switch, whereas continuation of nonuse for one month or more is 
classified as contraceptive abandonment. Clearly, contraceptive failure is of interest because 
it leads directly to an unintended pregnancy. Contraceptive abandonment is also important 

 

outcome to study because it leads to immediate risk of unintended pregnancy. Both type of 
events are our interested composite events because they lead to unintended pregnancy. 
Method switching also may lead to an increased risk of unintended pregnancy if use of a 
modern method is discontinued in favour of a less effective, traditional method.  
We incorporated six predictor variables. Besides age of start of contraceptive use, we also 
considered some additional covariates which are supposed to be able to explain the rate of 
discontinuation. The important one was the contraceptive method. For this analysis, 
contraceptive methods were grouped into three categories: pills and injectables, IUDs and 
implants, and other modern methods (mainly condoms). The other covariates were 
woman’s education (primary or lower, secondary, university), household social and 
economic status (1 – 7 scores), area of residence (urban, rural), and religion (Moslem, non-
Moslem). 
Figure 12 shows the final trees selected by test sample method to the composite event 
competing risks tree method. Figure 13 show the plots of CIFs for the nodes for failure, 
abandonment and switching events. 
 

 
Fig. 12. The multivariate DT for women on contraceptive discontinuation data. 
 

The final multivariate tree (Figure 12) had three terminal nodes, splitting on age (<39.33 vs. 
39.33 years), and contraceptive method (pills, injectables, IUDs and implants vs. other 
modern methods). 
 

0 20 40 60 80

0.
00

0.
01

0.
02

0.
03

0.
04

0.
05

0.
06

0.
07

Month used

Pr
ob

ab
ilit

y 
to

 fa
ilu

re

node5 (young age & other method )

node4 (young age & pill/inj/IUD/imp )

node3 (old age)

0 20 40 60 80

0.
0

0.
1

0.
2

0.
3

0.
4

0.
5

0.
6

0.
7

Month used

Pr
ob

ab
ilit

y 
to

 a
ba

nd
on

node3 (old age)

node4 (young age & pill/inj/IUD/imp 

node5 (young age & other method )

0 20 40 60 80

0.
0

0.
1

0.
2

0.
3

0.
4

0.
5

0.
6

Month used

P
ro

ba
bi

lity
 to

 s
w

itc
h

node3 (old age)

node4 (young age & pill/inj/IUD/imp )

node5 (young age & other method )

 
Fig. 13. CIFs of failure (left), abandonment (middle), and switching (right) event for each 
terminal node of the multivariate DT. 



Recent Advances in Technologies30

 

The group of highest risk of failure is in node 5 which is defined by young age (age < 39.33) 
and uses other modern methods of contraception (left panel of Figure 13). This node is also 
associated with high risk of switching and high risk of abandonment up to about 3 years. 
This is rational since the younger women are inexperienced users who most probable to fail 
and also have a strong willingness to be pregnant, so they most probably abandon the 
contraceptive methods. Whereas node 3 (age  39.33 years) has the lowest risk to failure, 
lowest risk to switch and most risk to abandon. This old age group are experienced users 
who had lowest risk of failure and switch while remain using the contraceptive method and 
most probable to abandon when they decided not to use contraceptive method anymore, 
particularly starting at year 3 of usage up to the end of study. Node 4 (age < 39.33 and pills, 
injectables, IUDs and implants user) has an intermediate risk to abandon (middle panel of 
Figure 13). 
The clear discrimination showed for the risk of switching, where node 5 (age < 39.33 and 
other modern methods user) has the highest risk of switching. Node 4 (age < 39.33 and pills, 
injectables, IUDs and implants user) has intermediate risk and node 3 (age  39.33 years) has 
the lowest risk of switching (right panel of Figure 13). 

 
6. Conclusion 
 

In this chapter, we discussed methodological and practical aspects of DT for multivariate 
survival data and competing risks. The splitting rules that select the best partition are 
member of the between-node difference method. With the exception of composite event 
competing risk DT which uses two sample statistic, the other DTs use statistics resulted from 
regression models, i.e. robust Wald, Wald, and deviance statistic. Since, all DTs are grown 
by maximizing a measure of between-node difference, then CART pruning procedure is not 
directly applicable to such type of trees. However, we can use the split-complexity pruning 
algorithm of LeBlanc & Crowley (1993) or Segal’s pruning algorithm (Segal, 1988). Segal’s 
pruning exerts little computational burden.  
Summarizing the results of applications, we found that all four DT methods work well for 
uncovering the structure of data. The risk groups resulted from DT reveal the useful 
information for users.  
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The group of highest risk of failure is in node 5 which is defined by young age (age < 39.33) 
and uses other modern methods of contraception (left panel of Figure 13). This node is also 
associated with high risk of switching and high risk of abandonment up to about 3 years. 
This is rational since the younger women are inexperienced users who most probable to fail 
and also have a strong willingness to be pregnant, so they most probably abandon the 
contraceptive methods. Whereas node 3 (age  39.33 years) has the lowest risk to failure, 
lowest risk to switch and most risk to abandon. This old age group are experienced users 
who had lowest risk of failure and switch while remain using the contraceptive method and 
most probable to abandon when they decided not to use contraceptive method anymore, 
particularly starting at year 3 of usage up to the end of study. Node 4 (age < 39.33 and pills, 
injectables, IUDs and implants user) has an intermediate risk to abandon (middle panel of 
Figure 13). 
The clear discrimination showed for the risk of switching, where node 5 (age < 39.33 and 
other modern methods user) has the highest risk of switching. Node 4 (age < 39.33 and pills, 
injectables, IUDs and implants user) has intermediate risk and node 3 (age  39.33 years) has 
the lowest risk of switching (right panel of Figure 13). 

 
6. Conclusion 
 

In this chapter, we discussed methodological and practical aspects of DT for multivariate 
survival data and competing risks. The splitting rules that select the best partition are 
member of the between-node difference method. With the exception of composite event 
competing risk DT which uses two sample statistic, the other DTs use statistics resulted from 
regression models, i.e. robust Wald, Wald, and deviance statistic. Since, all DTs are grown 
by maximizing a measure of between-node difference, then CART pruning procedure is not 
directly applicable to such type of trees. However, we can use the split-complexity pruning 
algorithm of LeBlanc & Crowley (1993) or Segal’s pruning algorithm (Segal, 1988). Segal’s 
pruning exerts little computational burden.  
Summarizing the results of applications, we found that all four DT methods work well for 
uncovering the structure of data. The risk groups resulted from DT reveal the useful 
information for users.  
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1. Introduction 
 

AC induction motors are very popular in variable speed drives. They are simple rugged, 
inexpensive and available at all power ratings. Progress in the field of power electronics and 
microelectronics enables the application of induction motors for high performance drives, 
where traditionally only DC motors were applied (Liaw, et al. 1991). Thanks to sophisticated 
control methods, AC induction drives, where sophistically control methods, AC induction 
drives offer the same control capabilities as high performance four quadrant DC drives. The 
induction motors it is desirable to control the flux and torque separately in order to have the 
same performances as those of DC motors. One way of doing this is by using the field 
oriented control (Zhang, Thiagarajan et al. 1988). This method assures the decoupling of flux 
and torque. The Vector-controlled induction motors with a conventional PI speed controller. 
On of the most noticeable control theories is the method using the Adaptive Neural 
Network (Tien-Chi and Tsong-Terng, 2002; Oh and cho. et al. 2006). Adaptive Neural 
Network can approximate linear or non linear functions is used extensively in industry 
(Pillay and Krishnam, 1988), because the conventional PI controller is easily implemented. 
Many theories for the non linear system control have been proposed to solve the problems 
of the conventional control method through learning. Compared with existing control 
method, it does not require complex mathematical calculation or models needed for 
obtaining system parameters and it can success fully control non linear system. In the 
following section, we explain a vector control of the induction motor in section 2. Section 3 
describes the structure of the proposed neural control scheme. The obtain simulation results 
are shown discussion in section 4. Finally, conclusion is made in section 5.  

 
2. Vector control of the induction motor 
 

2.1. Mathematical Modeling of Induction motor 
"Figure 1" shows the real, stationary and synchronously rotating axes of a 3 phase 
symmetrical induction motor. It has been used to describe the induction motor 
mathematical model, based on the vector method. (Chen and Sheu, 1999). 
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Fig. 1. Space vector with a,b,c and d,q axis 
 
where s,r denote stator and rotor. a,b,c are the phase system axis. d and q denote direct and 
quadratic components of the vectors with respect to the fixed stator reference d,q. Thus the 
slip angles can be calculated as the time integral of the slip angle velocity s, by adding the 
rotor angle r to the slip angle the rotor flux position m, many be calculated (1): 
 

s r mθ θ θ   
 

The mathematical model of induction motor applied in the paper, has been obtained after  
the transformation of the stator and the rotor phase equations into two, rotating with 
synchronous velocity s orthogonal axes (2),(3).  
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where i, u,  denote current, voltage and flux linkage respectively. Subscripts r and s stand 
for rotor and stator. r is the rotor speed, L and R are the auto-inductances and resistances, 
M is the mutual inductance.  constant coefficient. The motor load system can be described 
by a fundamental torque equation (4): 
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where T the instantaneous value of the developed motor torque. Tl the instantaneous value 
of the load torques. m rotor speed of the motor shaft. J the moment of inertia of the motor 
load system. f the coefficient of frotement. np the number of pair poles.  

 
2.2. Indirect Vector Control of Induction Motor 
Based on reference frame theory, the induction motor drive can be controlled like a 
separately exited dc machine by field oriented control method (Liaw et al. 1991), which can 
be design in tow basic ways by direct or indirect method. The choice between these two 
methods is not obvious because each method has its distinctive advantages and 
disadvantages. As a result a great research effort has been made to improve both direct and 
indirect field oriented controllers by design of complicated hardware and software to 
compensate non-ideal machine behaviour such as parameter variations due to temperature 
changes, rotor deep bar effects and magnetic saturation. The bloc diagram shown in  
"Figure 2", depicts the general structure of the indirect field oriented control with speed 
control motor drive, has been chosen for control of induction motor drive.  
 

 
Fig. 2. Indirect field oriented induction motor drive 
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This scheme includes induction motor, pulse with modulated (PWM) inverter, indirect field 
oriented control (IFOC) and speed controller. In this approach the flux angles is not 
measured directly, but is estimated from the equivalent circuit model and from 
measurements of the rotor speed, stator currents, and the voltages usd, usq.  

 
2.3. PI Speed Controller 
The dynamic model of speed induction motor drive is significantly simplified, and can be 
reasonably represented by the bloc diagram shown in "Figure 3". 
 

 
Fig. 3. Bloc diagram of speed system controller. 
 
By using the Laplace transformation, the transfer function for (4) is equation (5): 
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The PI controller (Proportional and Integral) is used during the start up transition to 
increase the speed of the transient response. It also is well suited to regulating the torque, to 
the desired values as it is able to reach constant reference, by correctly both the P term (Kp) 
and I term (Ki) winches are respectively responsible for error e sensibility and for the steady 
state error. If Tl=0, the transfer function is as following (6),(7): 
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The expressions for Kp and Ki of the regulator is calculated by Imposition of poles 
complexes combined with real part negative (8) 
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where ρ It is a positive constant. 
The proposed indirect vector control has several advantages over conventional one as are its 
independence of the motor model parameters and simple microcomputer implementation. 
The effects of stator resistance Rr variations in the calculation of slip frequency and 
transformation angle is compensated by motion controller. The nonlinearities caused by 
magnetic saturation can be compensated by the inverse magnetizing characteristic. 

 
3. Control system based artificial Neural Network 
 

3.1. Adaptive Neural Networks 
A general architecture graph of Multilayer Perceptron (MLP) is shown in "Figure 4". This 
network which can be multiplexed for each output of the controller has been found to 
possess acceptable performance in many industrial applications. The feed-forward topology 
shown in the network of "Figure 4", offers the advantage of simplicity and ease 
programming. Such a neural network contains three layer, hidden layers and output layer. 
Each layer is composed of several neurons. The number of the neurons in the output and 
layers depends on the number of the selected input and output variables. The number of 
hidden layers and the number of neurons in each depend on the system dynamic and the 
desired degree of accuracy.  
 

 
Fig. 4. Architecture of Multilayer Neural Network 
 
The block-diagram of "Figure 5". Shows the model of a neuron, which performs two 
functions. The fist is to sum all the inputs from the upper layer based on their weighting 
factors in equation (9). The second is to process this sum by a nonlinear sigmoidal function 
in equation (10).  
 

(8) 
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where ρ It is a positive constant. 
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Fig. 5. Basic model of formal neurone 
 
The basic equations describing the dynamics of each neuron are (9),(10) : 
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Where wji design the synaptic weight between the jth neuron and the ith neuron in two 
adjacent layers. (.) is the activation function. The neural network has two phases of 
operations, training and testing. In the training phase, the weights of the neural network are 
adjusted to map the input of the system to its output. In the testing phase, the neural 
network should predict the correct system output for a given input, even if the input was 
not used in training. Here for generality, the scalar weighted summing of the input array xi 
is distorted by a linear function (.) which is usually sigmoidal (e.g. tanh function) to 
facilities the gradient search techniques used in the training procedure. An Adaptive Neural 
Networks (ANN) is made up of many such neurons arranged in a variety of architectures. 
The feed-forward architecture graph show in "Figure 4", offers the advantage of simplicity 
and ease of programming. 

 
3.2. Training Neural Network 
The most common method of neural network is error back-propagation algorithm ( Kuchar, 
Brandstetter et al. 2004). The algorithm is based on the gradient descent search technique 
that minimizes a cost function of the mean square errors. The minimization process is done 
by adjusting the weighting vector of the neural network. Several training algorithms have 
been proposed to adjust the weight values in dynamic recurrent neural network. Examples 
for these methods are the dynamic back-propagation from (Narendra and 
Parthasarathy,1991; Narendra, 1996; ); among others. The cost function being minimized is 
the error between the network output and the desired output given by equation (11): 
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where yj(k) is the output of neuron j and  ky j
 is the desired pattern for that neuron. Let 

ji(k) denote the learning rate parameter assigned to synaptic weight wji(k) at iteration 
number k. Minimizing equation (12) leads to a sequence of update of weight vector. The 
weights of the interconnections between two adjacent layers can be update based on the 
following formula (12): 
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 is the momentum gain, is susceptible to local minima and needs additional computation 
for gradient evaluation, and wji(k) is weight change based on gradient of the cost function 
Ek,w and k is the iteration number. 

 
3.3. Adaptation Learning Control Scheme 
The proposed adaptive neural network controller is shown in "Figure 6". where as the 
structure of the neural network used is featured in "Figure 7". In off line training the targets 
are provided by an existing controller, the neural network adjusts its weights until output 
from the ANN is similar to the controller.  
 

 
Fig. 6. Supervised learning using an existing controller 
 
The four input signals (e(k), e(k-1), isq(k-1), wr(k-1) ), and the torque (T(k)) output are 
exported to the MATLAB Workspace. The following MATLAB code trains the Neural 
Network. The first section of code generates the ‘cell array’. The cell array combines the 4 
different inputs into 1 input vector.  
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Fig. 7. Multilayer Feed-forward Neural Network. 
 
The Feed-forward network has 10 neurons in the two layers "Figure 7". The activation 
function in the two layers is tan-sigmoid and the output layer is a linear function. 
 

 
Fig. 8. Training error. 
 
where the training is finished, the weights are set "Figure 8", and a simulink ANN is 
generated. The network is placed in the existing PI controller in the block diagram of 
indirect oriented field vector controlled ("Figure 9").  

 

 

 
Fig. 9. Vector drive with ANN based feedback signal processing 

 
4. Results and discussion 
 

The vector controller induction motor drive using artificial neural network was simulated 
trough Matlab-software with simulink toolboxes. The simulation phase was very important 
to verify correctness of theoritical assumptions and to find behaviour of the drive. The 
parameters values of the system under study are summarized in "Table 1".  
 

Rated values  Power  1.5  kW 
  Frequency  50  Hz 
  Voltage  / Y 220/380  V 
   Current / Y  11.25/6.5  A 
  Motor Speed  1420  rpm 
  pole pair (p)  2   

Rated parameters Rs  4.85  
  Rr  3.805  
  Ls  0,274  H 
  Lr  0,274  H 
  M  0,258  H 

Constants  J  0,031  Kg.m² 
  f  0,00114  Kg.m/sec 

Table 1. Rating of tested induction motor 
 
The proportional and derivative parameters of the proposed control scheme are Kp=0.58 and 
Ki=11.19. Several test cases were considered in order to evaluate the performances under a 
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variety of operating conditions. For the robustness of the proposed control scheme, we 
assure that the parameters of rotor resistance Rr and load inertia J have been perturbed from 
their nominal values "Figures.10,11". The parameters of stator resistance, inductances and 
viscous friction their nominal values. It is evident that the speed response of the proposed 
control scheme is not significantly affected by this variation. One can see from these all 
figures the results were very successful and the obtained results confirm the validity of the 
proposed control scheme. 
 

 
Fig. 10. Results of speed evolution after resistance changes. 
 

 
Fig. 11. Results of speed evolution after inertia load changes. 

 

 

      

 
Fig. 12. Speed control system using neural controller and PI controller 
 
"Figure 12" shows the behaviour of the system to screw of resistant torque Tl=10 N.m, his 
disturbance can be seen at t=0.5 sec and t=2 sec, in maintaining the constant speed control 

rω 150rad/sec  and rω 150rad/sec  at t=1.5 sec. "Figure 13" shows the results by Reference 
without filter, the results were very successful and the obtained results confirm the validity 
of the proposed controller. To demonstrate the robustness of the proposed controller, 
"Figure 14" displays the results of speed control using neural controller with stochastic lead 
change, the neural controller reduces both the overshoot and extent of oscillation under the 
same separating condition.  
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Fig. 13. Speed control system using neural controller and PI controller  
 

 

 

 

 
Fig. 14. Speed control using neural controller with stochastic lead change. 

 
5. Concluding remarks 
 

In this paper, we have designed and implemented the neural network controller NNC, for 
accurate speed control of an induction motor. Comparing PI-type control method, 
simulation results are provided to illustrate the performance and the effectiveness of the 
proposed control scheme, even in the presence of much strong mechanical fiction and other 
non linear characteristics. The success of the designed controller is demonstrated in real-
time under load conditions by applying a load torque to the shaft of the motor. The results 
show that the controller could compensate for this kind of disturbances. The plant is also 
tested for the tracking property using different types of reference signals. Satisfactory 
performance was observed for most reference tracks and the results demonstrated the 
effectiveness of the proposed structure and the proposed control scheme it is believed will 
constitue a major step in the evolution of intelligent control of complexe mechatronic 
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1. Introduction 
 

This chapter represents a proposed Electronic Nose (ENose) system has been designed in 
the laboratories of the university of Calabria (Italy), this system has the ability to detect a gas 
type and then to estimate its concentration. This chapter explain the design idea, the 
principles of the detection and quantification mathematical model, and the method of 
calculating the parts per million (ppm) of the gases. The fast evaporation rate and toxic 
nature of many Volatile Organic Compounds (VOCs) could be dangerous at high 
concentration levels in air and working ambient for the health of humans, therefore the 
detection of these compounds (i.e. VOCs) has become a serious and important task in many 
fields. In fact, the VOCs are also considered as the main reason for allergic pathologies, lung 
and skin diseases. Other applications of systems for gas detection are in environmental 
monitoring, food quality assessment (Zhang et al., 2008), disease diagnosis (Casalinuovo & 
Pierro, 2006; Gardner et al., 2000), and airport security (Lee et al., 2002).  
There are many research contributions on the design of an electronic nose system based on 
using tin oxide gas-sensors array in combination with Artificial Neural Networks (ANN) for 
the identification of the Volatile Organic Compounds (VOC’s) relevant to environmental 
monitoring, Srivastava (Srivastava, 2003) used a new data transformation technique based 
on mean and variance of individual gas-sensor combinations to improve the classification 
accuracy of a neural network classifier. His simulation results demonstrated that the system 
was capable to successfully identify target vapors even under noisy conditions. 
Simultaneous estimates of many kinds of odor classes and concentrations have been made 
by Daqi et al (Daqi & Wei, 2007); they put the problem in the form of a multi-input/multi-
output (MIMO) function approximation problem. 
In literature several different approximation models have been adopted. In particular a 
multivariate logarithmic regression (MVLR) has been discussed in (Cohen et al., 2003), a 
quadratic multivariate logarithmic regression (QMVLR) in (Penza et al., 2002), while a 
multilayer perceptron (MLP) has been experimented in (Lee et al., 2002). Finally, support 
vector machines (SVM) has been used in (Distante et al., 2003; Pardo & Sberveglieri, 2005, 
Wang et al., 2005). 
To identify the type of analyte we use the support vector machine (SVM) approach, which 
was introduced by Vapnik (Vapnik, 1998) as a classification tool and strongly relies on 
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statistical learning theory. Classification is based on the idea of finding the best separating 
hyperplane (in terms of classification error and separation margin) of two point-sets in the 
sample space (which in our case is the Euclidean seven-dimensions vector space, since each 
sample corresponds to the measures reported by the seven sensors which constitute the core 
of our system). Our classification approach includes the possibility of adopting kernel 
transformations within the SVM context, thus allowing calculation of the inner products 
directly in the feature space without explicitly applying the mapping (Cristianini & Shawe-
Taylor, 2004). 
As previously mentioned, we used a multi-sensor scheme and useful information is 
collected by combining the readings of all the used sensors. On this work, combining the 
information coming from several sensors of diverse types under different heater voltages 
values are sent to a learning system which has the ability to identify the gas and to estimate 
its concentration.  
This chapter is organized as follows. In Section 2 we describe our Electronic Nose (ENose), 
while Section 3 gives an overview of the SVM approach. Section 4 is devoted to the 
description of our experiments involving five different types of analytes (Acetone, Benzene, 
Ethanol, Isopropanol, and Methanol). While section 5 contains the results of gas 
identification and quantification. Finally the conclusions are drawn in Section 6. 

 
2. Electronic Nose System 
 

An array of gas sensors with a learning system constitutes what is called Electronic Nose 
(ENose), the response of this sensor array constitutes an odor pattern (Pearce et al., 2003). A 
single sensor in the array should not be highly specific in its response but should respond to 
a broad range of compounds, so that different patterns are expected to be related to different 
odors. 
 

 
Fig. 1. Block diagram of our Electronic Nose system. 

 

Our system (Figure 1) consists of five different types of gas sensors supplied with different 
heater voltages to improve the selectivity and the sensitivity of the sensors which are from 
the TGS class of FIGARO USA INC. The sensing element is a tin dioxide (SnO2) 
semiconductor layer. In particular three of them are of TGS-822 type, each one being 
supplied with a different heater voltage (5.0 V, 4.8 V, and 4.6 V, respectively, see Figure 2), 
one of the TGS-813 type, and the last one is of the TGS-2600 type. Because the gas sensor 
response is heavily affected by environmental changes, two auxiliary sensors are used for 
the temperature (LM-35 sensor from National Semiconductor Corporation), and for the 
humidity (HIH-3610 sensor from Honeywell). 
 

 
Fig. 2. Block Diagram of gas sensors chamber 
 
The gas sensors and the auxiliary sensors are put in a box of 3000 cm3 internal volume. 
Inside the box we put a fan to let the solvent drops evaporate easily. All sensors are 
connected to a multifunction board (NI DAQPad-6015), which is used in our system as an 
interface between the box and the PC. The National Instruments DAQPad-6015 
multifunction data acquisition (DAQ) device provides plug-and-play connectivity via USB 
for acquiring, generating, and logging data; it gives 16-bit accuracy at up to 200 kS/s, and 
allows 16 analog inputs, 8 digital I/O, 2 analog outputs, and 2 counter/timers. NI DAQPad-
6015 includes NI-DAQmx measurement services software, which can be quickly configured 
and allows us to take measurements with our DAQ device. In addition NI-DAQmx provides 
an interface to our LabWindows/CVI running on our Pentium 4 type PC. 
The integrated LabWindows/CVI environment features code generation tools and 
prototyping utilities for fast and easy C code development. It offers a unique, interactive 
ANSI C approach that delivers access to the full power of C Language. Because 
LabWindows/CVI is a programming environment for developing measurement 
applications, it includes a large set of run-time libraries for instrument control, data 
acquisition, analysis, and user interface. It also contains many features that make developing 
measurement applications much easier than in traditional C language environments. 
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Ethanol, Isopropanol, and Methanol). While section 5 contains the results of gas 
identification and quantification. Finally the conclusions are drawn in Section 6. 

 
2. Electronic Nose System 
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Fig. 1. Block diagram of our Electronic Nose system. 

 

Our system (Figure 1) consists of five different types of gas sensors supplied with different 
heater voltages to improve the selectivity and the sensitivity of the sensors which are from 
the TGS class of FIGARO USA INC. The sensing element is a tin dioxide (SnO2) 
semiconductor layer. In particular three of them are of TGS-822 type, each one being 
supplied with a different heater voltage (5.0 V, 4.8 V, and 4.6 V, respectively, see Figure 2), 
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Fig. 2. Block Diagram of gas sensors chamber 
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multifunction data acquisition (DAQ) device provides plug-and-play connectivity via USB 
for acquiring, generating, and logging data; it gives 16-bit accuracy at up to 200 kS/s, and 
allows 16 analog inputs, 8 digital I/O, 2 analog outputs, and 2 counter/timers. NI DAQPad-
6015 includes NI-DAQmx measurement services software, which can be quickly configured 
and allows us to take measurements with our DAQ device. In addition NI-DAQmx provides 
an interface to our LabWindows/CVI running on our Pentium 4 type PC. 
The integrated LabWindows/CVI environment features code generation tools and 
prototyping utilities for fast and easy C code development. It offers a unique, interactive 
ANSI C approach that delivers access to the full power of C Language. Because 
LabWindows/CVI is a programming environment for developing measurement 
applications, it includes a large set of run-time libraries for instrument control, data 
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For support vector machine (SVM) training and testing in multi-class classification we use 
LIBSVM-2.82 package (Chang & Lin, 2001). LIBSVM-2.82 uses the one-against-one approach 
(Knerr et al., 1990) in which, given k distinct classes, k(k -1)/2 binary classifiers are 
constructed, each one considering data from two different classes. LIBSVM provides a 
parameter selection tool for using different kernels and allows cross validation. For median-
sized problems, cross validation might be the most reliable way for parameter selection. 
First, the training data is partitioned into several folds. Sequentially a fold is considered as 
the validation set and the rest are for training. The average of accuracy on predicting the 
validation sets is the cross validation accuracy (Gallant et al., 1993). In particular the leave-
one-out cross validation scheme consists of defining folds which are singleton, i.e. each of 
them is constituted by just one sample. 

 
3. Support Vector Machine (SVM) 
 

Support vector machines (SVM) are a set of related supervised learning methods used for 
classification and regression. They belong to a family of generalized linear classifiers. This 
family of classifiers has both abilities: to minimize the empirical classification error and to 
maximize the geometric margin. Hence it is also known as maximum margin classifier approach 
(Abe, 2005).  
An important feature of the SVM approach is that the related optimization problems are 
convex because of Mercer's conditions on the kernels (Cristianini & Shawe-Taylor, 2004). 
Consequently, they haven't local minima. The reduced number of non-zero parameters 
gives the ability to distinguish between these system and other pattern recognition 
algorithms, such as neural networks (Cristianini & Shawe-Taylor, 2000). 

 
3.1 The Optimal Separating Hyperplane 
A separating hyperplane is a linear function that has the ability of separating the training 
data without error as shown in Figure 3. 
Suppose that the training data consists of n samples (x1,y1), (x2,y2),…(xn,yn), 

 , 1, 1dx y     that can be separated by a hyperplane decision function 
 

0D (x) w  . x b     (1) 
 
with appropriate coefficients w and b (Cherkassky & Mulier, 1998; Hastie et al., 2001; 
Vapnik, 1998). Notice that the problem is ill-posed because the solution may be not unique 
and then some constraint has to be imposed to the solution to make the problem well-posed 
(Distante et al., 2003). 
A separating hyperplane satisfies the constraints that define the separation of the data 
samples: 
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Fig. 3. The optimal hyperplane for two data sets 
 
Or in more compact form (notation) 
 

1 1 2[ w ]i iy  . x b      i , ,...,n      (3) 
 
For a given separable training data set, all possible separating hyperplanes can be 
represented in the form of equation 3. The formulation of the separating hyperplanes allows 
us to solve the classification problem directly. It does not require estimation of density as an 
intermediate step (Abe, 2005). When D(x) is equal to 0, this hyperplane is called separating 
hyperplane as shown in Figure 4. 
Let di be the signed distance of the point xi from the separating hyperplane 
 

w
w

i
i

. x bd   
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where the symbol ||w|| denotes the norm of w. From this equation follows that 
 

 w wi id  . x b    (5) 
 
and using the constraints (3), we have 
 

1 wi iy d   (6) 
So for all xi the following inequality holds: 
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1
w i iy d  (7) 

Notice that yidi is always positive quantity. Moreover, 1 /  W  is the lower bound on the 
distance between the points xi and the separating hyperplane (w, b).  
 

 
Fig. 4. Separating hyper plane for two data sets as well as the two support vectors 
 
The purpose of the "1" in the right hand side of inequality (equation 3) for establishing a one-
to-one correspondence between separating hyperplanes and their parametric representation. 
This is done through the notion of canonical representation of a separating hyperplane 
(Pontil & Verri, 1998). 
The optimal hyperplane is given by maximizing the margin, γ, subject to the constraints (3). 
The margin is given by (Cristianini & Shawe-Taylor, 2000), 
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Thus the optimal hyperplane is the one that minimizes 

 

21( )
2

w w   (9) 

 
Because (w) is independent of b, changing b moves it in the normal direction to itself, and 
hence the margin remains unchanged but the hyperplane is no longer optimal in that it will 
be nearer to one class than the other. 

 
3.2 Support Vector Classification 
Support vector machines (SVMs) are a set of related supervised learning methods used for 
classification and regression of multi dimensional data sets (Gutierrez-Osuna, 2003; Pearce, 
2003). They belong to the family of generalized linear classifiers. This family of classifiers 
has both the abilities of minimizing the empirical classification error and maximizing the 
geometric margin. In fact a SVM is also known as maximum margin classifier (Distante et 
al., 2003).  
SVM looks for a separating hyperplane between the two data sets. The equation of such 
hyperplane is defined by 
 

( ) 0x w xTf b    (10)  

 
where w is the weight vector which defines a direction perpendicular to the hyperplane, x is 
the input data point, and b is the bias value (scalar), for a proper normalization. The margin 
is equal to ||w||-1. Therefore maximizing the margin is equivalent to minimizing ||w||. 
The advantage of this maximum margin criterion is both robustness against noise and 
uniqueness of the solution. 
In many practical cases the data are not linearly separable, therefore the hyperplane tries to 
both maximize the margin and minimize the sum of classification errors at the same time. 
The error i of a point ( , )i ix y (  1, 1iy     represents the class membership) with respect to 
a target margin   and for a hyperplane defined by f is:  
 

(( , ), ( ), ) m ax (0 , ( ))i i i i i ix y f x y f x       (11)  

where i is called the margin slack variable which measures how much a point fails to have 
margin . If yi and f(xi) have different signs the point xi is misclassified because 

0i    (12)  

The error i is greater than zero if the point xi is correctly classified but with margin smaller 
than  . 

0i    (13)  

Finally, the more xi falls in the wrong region, i.e. satisfies equation 12, the bigger is the error. 
The cost function to be minimized is: 
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Finally, the more xi falls in the wrong region, i.e. satisfies equation 12, the bigger is the error. 
The cost function to be minimized is: 
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where C is a positive constant, which determines the trade off between accuracy in 
classification and margin width (Burges, 1998). Therefore, this constant can be regarded as a 
regularization parameter. When C has a small value, the optimal separating hyperplane tends 
to maximize the distance with respect to the closest point, while for large values of C; the 
optimal separating hyperplane tends to minimize the number of non-correctly classified 
points. 
If the original patterns are not linearly separable, they can be mapped by means of 
appropriate kernel functions to a higher dimensional space called feature space. A linear 
separation in the feature space corresponds to a non-linear separation in the original input 
space (Wang et al., 2005). Kernels are a special class of functions that permit the inner 
products to be calculated directly in the feature space, without explicitly applying the 
mapping. The family of kernel functions adopted in machine learning range from simple 
linear and polynomial mappings to sigmoid and radial basis functions (Mouller et al., 2001). 
In this paper linear kernel is used. 

 
4. Experimental 
 

In our experiments we used five different types of volatile species with different 
concentrations. They are acetone, methanol, ethanol, benzene, and isopropanol. The data set 
for these volatile species is made up of samples in R7 space where each sample correspond 
to the outputs of the gas and auxiliary sensors. 
 

Analyte 
Concentration 

(ppm) 

Volume of 
Pure Analyte 

(cm3) 
10 0.03 
50 0.15 

100 0.30 
200 0.60 
400 1.20 
800 2.40 
1000 3.00 
2000 6.00 

Table 1. Analyte concentration vs. Analyte volume 
 
Our box (see Figure 5) contains the PCB (Printed Circuit Board) where we fixed two 
different types of sensors i.e. gas sensors and auxiliary sensors. It also contains a fan for 
circulating the analyte inside during the test. The system encompasses one input for inlet air 
coming from an air compressor which has been used to clean the box and the gas sensors 
after each test. One output is used for the exhaust air. The inner dimensions of the box are 22 
cm length, 14.5 cm width, and 10 cm height, while the effective volume is 3000 cm3. 

 

The amount of volatile compounds needed to create the desired concentration in the sensor 
chamber (our box) was introduced in the liquid phase using high-precision liquid 
chromatography syringe. Since temperature, pressure and volume were known, the liquid 
needed to create the desired concentration of volatile species inside the box could be 
calculated using the ideal gas theory, as we explain below. The analyte concentration versus 
analyte volume injected is shown in Table 1. 
 

 
Fig. 5. Our box including the sensors and the fan, connected to the Interface card. 
 
A syringe of 10 µl is used for injecting the test volatile compounds. In the experiments we 
used five different types of volatile compounds, acetone, methanol, ethanol, benzene, and 
isopropanol. We take methanol as an example for calculating the ppm (parts-per-million) for 
each compound. Methanol has molecular weight MW = 32.04 g/mol and density  = 0.7918 
g/cm3. The volume of the box is 3000 cm3; therefore, for example, to get 100 ppm inside the 
box, from Table 1, we used 0.3 cm3 of methanol, or, equivalently, 0.3 ml. 
 

Methanol 
Concentration 
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Methanol 
quantity 

(µl) 
40 0.2 
100 0.5 
200 1.0 
400 2.0 

1000 5.0 
1400 7.0 
2000 10.0 

Table 2. Methanol concentration vs. methanol quantity 
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where  
 = the density of the gas of Methanol in g/l, 
P = the Standard Atmospheric Pressure (in atm) is used as a reference 
for gas densities and volumes (equal 1 atm), 
MW = Molecular Weight in g/mol, 
R = universal gas constant in atm/mol.K (equal 0.0821 atm/mol.K), 
T = temperature in Kelvin (TK = TC + 273.15). 
As a result we get d = 1.33 g/l.  
 

ga s liqM ass v v       (16) 

where vgas is the volume occupied by the gas of methanol which is equal to 0.3*10-3 l,  is the 
density of the gas of methanol as calculated before,  is the constant density of methanol, 
therefore; 
 
vliq = (vgas x ) /   vliq = (0.3 * 10-3 * 1.33) / 0.7918 
 
the volume (vliq) is 0.503*10-6l which provides 100 ppm of methanol. This means that if we 
want to get 100 ppm of methanol we must put 0.503 µl of methanol as liquid in the box by 
using the syringe. Table 2 shows different concentrations of methanol (in ppm) versus its 
quantities (in µl). 

 
5. Results 
 

In our experiments we used 22 concentration samples for acetone, 22 for benzene, 20 for 
ethanol, 23 for isopropanol, and 21 for methanol. For each concentration the experiment was 
repeated twice, thus a total number of 216 classification calculations was performed. We put 
the desired quantity of solvent (in ppm) previously calculated inside the BOX, switching 
ON the fan which is inside the box to let the solvent drops evaporate easily. The program 
starts reading the data that are coming from the seven sensors which form our system. 
After few seconds, when the signals start to be stable, we switch OFF the fan and then we 
save the data in a file that indicates also the class label of the current sample. After that we 
must clear the BOX and the sensors by supplying a compressed air coming from an Air 
Compressor. We repeat twice this procedure for each gas type and for each concentration. 
In the first analysis, we used a SVM with linear kernel, and we applied a multi-class 
classification by using the LIBSVM-2.82 package (Chang & Lin, 2001). The optimal 
regularization parameter C was tuned experimentally by minimizing the leave-one-out 
cross-validation error over the training set.  
In fact the program was trained as many times as the number of samples, each time leaving 
out one sample from training set, and considering such omitted sample as a testing sample 
check the classification correctness. The classification correctness rate is the average ratio of 

 

the number of samples correctly classified and the total number of samples. The results are 
shown in Table 3 for different values of C. By using linear kernel we got 100.00% 
classification correctness rate for C = 1000 adopting a leave-one-out cross-validation scheme. 
We remark that such results are better than those obtained by supplying all sensors by the 
same heater voltage (in such case, in fact, the best classification correctness rate was 94.74%).  
 

C 
values 

Classification 
Correctness 

Rate % 
10 91.24 
50 96.31 

100 96.77 
500 98.62 
800 99.08 
1000 100.00 
2000 99.54 

Table 3. Multiple C values with linear kernel 
 
Once the classification process has been completed, the next step is to estimate the 
concentration of the classified analyte. To this aim, we use again the support vector machine 
approach but in this time as a regression system.  
Finally we considered (Table 4) the correlation coefficient (C.C) as a measure for the 
estimation accuracy (Penza et al., 2002), the correlation coefficient is a number between 0.0 
and 1.0. If there is no relationship between the predicted values and the actual values the 
correlation coefficient is 0.0 or very low (the predicted values are no better than random 
numbers). As the strength of the relationship between the predicted values and actual 
values increases so does the correlation coefficient. A perfect fit gives a coefficient of 1.0.  
 

Analyte 
Type 

C.C for SVM 
regression method 

Acetone 0.982431 
Benzene 0.989445 
Ethanol 0.974048 

Isopropanol 0.985179 
Methanol 0.973584 

Table 4. Gases concentration estimation results 
 
Thus the higher correlation coefficient (near to 1.0) the better is the regressor (Cohen et al., 
2003). Correlation coefficient is calculated as follows: 
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starts reading the data that are coming from the seven sensors which form our system. 
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save the data in a file that indicates also the class label of the current sample. After that we 
must clear the BOX and the sensors by supplying a compressed air coming from an Air 
Compressor. We repeat twice this procedure for each gas type and for each concentration. 
In the first analysis, we used a SVM with linear kernel, and we applied a multi-class 
classification by using the LIBSVM-2.82 package (Chang & Lin, 2001). The optimal 
regularization parameter C was tuned experimentally by minimizing the leave-one-out 
cross-validation error over the training set.  
In fact the program was trained as many times as the number of samples, each time leaving 
out one sample from training set, and considering such omitted sample as a testing sample 
check the classification correctness. The classification correctness rate is the average ratio of 

 

the number of samples correctly classified and the total number of samples. The results are 
shown in Table 3 for different values of C. By using linear kernel we got 100.00% 
classification correctness rate for C = 1000 adopting a leave-one-out cross-validation scheme. 
We remark that such results are better than those obtained by supplying all sensors by the 
same heater voltage (in such case, in fact, the best classification correctness rate was 94.74%).  
 

C 
values 

Classification 
Correctness 

Rate % 
10 91.24 
50 96.31 

100 96.77 
500 98.62 
800 99.08 
1000 100.00 
2000 99.54 

Table 3. Multiple C values with linear kernel 
 
Once the classification process has been completed, the next step is to estimate the 
concentration of the classified analyte. To this aim, we use again the support vector machine 
approach but in this time as a regression system.  
Finally we considered (Table 4) the correlation coefficient (C.C) as a measure for the 
estimation accuracy (Penza et al., 2002), the correlation coefficient is a number between 0.0 
and 1.0. If there is no relationship between the predicted values and the actual values the 
correlation coefficient is 0.0 or very low (the predicted values are no better than random 
numbers). As the strength of the relationship between the predicted values and actual 
values increases so does the correlation coefficient. A perfect fit gives a coefficient of 1.0.  
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Acetone 0.982431 
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Table 4. Gases concentration estimation results 
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where C.C is the correlation coefficient, X are the actual values, àX  are the predicted values, 
and n is the number of data points. 
Table 5 shows the real concentrations with respect to the results of the suport vectore 
regression method of benzene. 
 

Real 
Concentrations 

Estimated 
Concentrations 

18 17.99 
36 46.69 
54 53.98 
72 72.13 
90 82.87 
108 101.15 
126 118.84 
144 146.65 
162 161.98 
180 179.99 
234 260.09 
270 279.95 
324 344.26 
360 377.28 
414 427.67 
468 468.00 
540 520.62 
630 671.43 
720 719.99 
810 755.55 
900 798.71 

1080 953.05 
Table 5. Real and Estimated Concentrations of Benzene. 

 
6. Conclusion 
 

The results demonstrate that our system has the ability to identify the type of analyte and 
then estimate its concentration. The best correctness rate was 100.00%. Also the values 
obtained in terms of concentration estimates appear quite satisfactory. Supplying three 
similar sensors (TGS-822) with different heater voltages, improved the performance of the 
system. Future work will be devoted to decrease the number of gas sensors and to use 
another type of sensors, like QCM sensors. 
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1. Introduction 
 

Project Managers defines project deliverables in a tree chart called Work Breakdown 
Structure (WBS) to control scope of project. Creating WBS is one of the most vital planning 
processes of the project management since WBS is considered to be the fundamental of other 
processes like scheduling, controlling, assigning responsibilities, etc. In fact WBS or activity 
list is the heart of a project and omission of a simple task can lead to an irrecoverable result. 
Mind mapping is one of the most powerful tool for generating WBS. Mind map which is 
introduced by Buzan as a method for thinking together, helps a project manager to stimulate 
the mind of project team members to generate project WBS. Here we try to present a 
framework for generating WBS of two sample projects involving with the building 
construction and electrical panel production using the aid of mind map, semantic network 
and the artificial intelligence (AI) programming language. For this purpose, Mind map 
concepts are transformed to a semantic network to represent project team knowledge in a 
computerized way, and then based on the resulted network and with the aid of Prolog 
language, project activity list is extracted intelligently. The framework will be presented step 
by step through the project samples. This method will result a comprehensive WBS and 
decrease the probability of omitting project tasks and it does better control of the project 
scope. 
The purpose of this chapter is to review the studies of application of Artificial Intelligence in 
Project Management and proposing an intelligent framework to control and manage one of 
the project management knowledge areas which is "Scope". 
In the following sections we will describe project management, AI application in project 
management and project scope management. The chapter is followed by the basic 
definitions of mind map, semantic network and brief description of their applications. At 
the end we present our intelligent framework to generate the WBS of two sample projects 
(project of building a construction and an electrical panel production) with the aid of prolog 
programming. 
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2. Project Management and Artificial Intelligence 
 

Project management is the application of knowledge, skills, tools and techniques to project 
activities to meet project requirements [PMBOK]. Also, AI is defined as the study and 
design of intelligent agents where an intelligent agent is a system that perceives its 
environment and takes actions which maximize its chances of success. The central problems 
of AI include reasoning, planning, learning, communication, perception. Using of AI results 
in accomplishing mentioned problem more accurately, so, because of the nature of today's 
world, AI is applied in many fields now. One of the fields is Project Management. The needs 
of using AI in project management arises from the characteristic and the size of projects 
being developed today which involve organizations working together which are located 
throughout various countries and continents. 
Project management is accomplished through the application and integration of its 
processes which are: initiating, planning, executing, monitoring and controlling, and closing 
[PMBOK].  Through these project processes, project manager involves managing different 
major areas of project such as scope, time, cost, quality and risk. AI could be used to help 
project management to support these areas in intelligent and effective way, without the 
effect of human mistakes, and with less injuries and stress to human beings.  
Our area of concern in this chapter is "Project Scope management". 

 
2.1 Historical overview 
 

From the advent of expert systems (ES),which is defined as a computer program  which 
simulates the  behaviour of a human expert  to share knowledge and experience in a 
particular field, and artificial intelligence (AI) up to now, they were used in different areas 
of project management widely. These tools can help project management teams to capture 
their experiences and share such experiences with others. Some of AI applications on 
different area of project management are presented in table 1. 
 

Year Author Description 
 

1987 Hosley et al 

They explained how project managers can use AI/ES to more 
effectively practice project management and reviewed the 
principles defining AI and ES and described a process for 
creating an ES 

1988 Adedeji et al 

They examined the emerging technology of ES that enables 
project managers to analyze cost by integrating multiple cost 
factors. They explained ES's function and three categories-data 
structure, knowledge base, and inference engine-and the ways 
that ES differs from traditional decision support systems 

1989 Kangari, et al. 

They described a method of using expert systems (decision 
support programs containing a large body of knowledge from 
field experts) to resolve the difficulties associated with 
traditional risk management models and examined a 
prototype expert system for construction projects, a system 
named Expert-Risk 

 

1990 Nordin et al. They explained the development of a knowledge-based 
schedule planning system 

1991 Kermit et al. 

They developed a prototype expert system, called PROJCON, 
that helps to generate management plans and strategies for a 
given construction task. The system also helps to survey, 
control and revise the plans according to the current change of 
condition 

1992 Mango, Ammar 

They introduced a new planning system that provides 
valuable historical and development process expertise to the 
planning team which is particularly useful for a cross-
functional/multi-projects organization with a complex process 

1998 Leung et al. They presented a knowledge_based system to identify 
potential risk factors incorporating work breakdown structure 

1999 Carlos Zozaya-
Gorostiza 

They reviewed the capabilities and application of a 
knowledge_based expert system named Construction Planex 
system which is used in construction projects 

2000 Schuyler, John 
R 

They overviewed expert systems, explained how they work, 
and cited numerous examples. He described artificial neural 
networks (NNs) and inference engines and offers a set of 
guidelines for deciding when a problem is appropriate for an 
expert system solution 

2001 Avots, Ivars They examined how ES can help project managers to analyze 
and control project schedule 

2002 Nemati, H.R. et 
al. 

They showed how a hybrid intelligence system with expert 
system and artificial neural network components can be used 
to aid in project estimate validation and quality prediction of 
the deliverables 

2006 
Xiaoqing 

(Frank) Liu et 
al. 

They discussed design, implementation, and evaluation of an 
experimental intelligent software early warning system based 
on fuzzy logic to make sponsors, users, project managers 
aware of many potential risks as early as possible 

2007 

K.C.Lam et al. 
They proposed a model for risk allocation decision in 
construction contracts using a set of knowledge_based fuzzy 
interface rules according to the expert knowledge 

K.C. Iyer et al. 

They devised a rule_based expert system to assist contract 
administrator to evaluate worth of their claims before taking it 
to litigation and decrease the number and frequency of claims 
and disputes beside time and cost overrun in Indian 
construction contracts 

Table 1. reviewing the studies of application of artificial intelligence in project management 
 
As it can be inferred ESs and AI were applied in different areas of project management like 
risk, scheduling, controlling, etc. In spite of the importance of planning process, especially 
developing WBS, in project management there are no or limited work in this area, as it is 
shown in the next section. 
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2.2 Project Scope Management and WBS 
Project Scope Management includes the processes required to ensure that the project  
includes all the work required, and only the work required, to complete the project 
successfully. Project scope management is primarily concerned with defining and 
controlling what is and is not included in the project [PMBOK]. Project scope management 
processes includes: scope planning, scope definition, create WBS, scope verification and 
scope control. In this chapter we will discussed about the third process: "Creating WBS". 
“The WBS is a deliverable-oriented hierarchical decomposition of the work to be executed 
by the project team, to accomplish the project objectives and create the required 
deliverables. The WBS organizes and defines the total scope of the project” or as it is defined 
in Practice Standard for Work Breakdown Structure “WBS serves as a guide for defining 
work as it relates to a specific project's objectives”. A sample work breakdown structure 
organized by project phase is presented in figure 1. 
 

 
Fig. 1. A sample WBS 

 
WBS can be considered as the heart of the project, because it provide a structure for 
estimating project costs, schedule, and resource information and therefore it can be served 
as a project planning and controlling framework. 
 

 

 
Fig. 2. WBS serves as the framework for integration of project planning and control 
 
WBS enables project team to achieve the following fundamental project management actions 
(Figure 2):  

• Assign the responsibility of the project work. 
• Schedule the project work and summarization. 
• Estimate and aggregate cost or resources 
• Develop the response to risks associated with project 
• Measure performance. 
• Aggregation project control and proactive actions 

So creating WBS can be considered as a vital process and as a prerequisite for other 
processes. Some studies were performed on the application of AI on project scope 
management. Rad (1999) presented the rationale and method to obtain a deliverable 
oriented WBS. Also Hashemi et al (2007) proposed a framework which plan WBS of a 
limited project domain using neural networks.  
Because there are limited works on this area and due to the importance of WBS, it is 
essential to develop a tool to satisfy this project management need. 
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3. Basic Definitions 
 

3.1 Mind map 
A mind map is a diagram used to represent words, ideas..., or other items arrange radially 
around a central keyword or idea. In other words it is a way of capturing concepts and their 
relationships on the two-dimensional surface of a sheet of paper. It is used to generate 
structure and classify ideas as an aid of study, problem solving, decision making, etc. 
With the aid of mind map you are mapping knowledge in a manner which will help you to 
understand and remember new information and think creatively with brainstorming 
approach. Mind mapping encourages structured capture of unstructured thoughts and 
helps you to boost your creativity, create winning ideas, enhance your memory, structure 
your knowledge, and sharpen your focus. Mind map is one of the best methods to optimize 
ones' learning capacities and understanding of how the elements of complex structure are 
connected. Mind maps have been used for centuries for learning, brainstorming ,visual 
thinking, problem solving, decision making, etc. by educators, engineers, psychologists and 
people in general .But the claim to the origin of mind map has been made by a British 
Popular psychologist, author, Tony Buzan. Buzan claims that mind map is vastly superior to 
note taking method and utilizes the full range of left and right human cortical, skills, 
balances the brain, taps into the alleged 99% of your unused mental potential(figure 3). 
Buzan reasoned that the brain is composed of right and left halves. The left part of the brain 
tends to be very analytical. Logic, language, and numbers are primarily left brain activity. In 
the other hand relationships, shapes, colors, emotion and creativity are associated with the 
right part of the brain. Buzan develop Mind Maps to combine logic and language, with 
colors, shapes and relationships. When this format is used, both halves of the brain are 
intentionally stimulated and you use both sides of your brain. Tests conducted found that 
brainstorming with this format tended to provide a richer solution set; and learning with 
this format tended to have a longer retention span. A sample mind map is shown in Figure 4 
 

 
Fig. 3. Mind map utilizes the full range of left and right human brain 

 

3.2 Mind Map as a Project Management Tool  
Mind maps have great applicability in project management. Mind maps are useful for any 
topic or task in which seeing the big picture, recognizing relationships, and stimulating 
creativity are important.  They are very visually oriented, an ideal place to store ideas 
related to your project, and enables you to gather, manage and share a large variety of 
information. Left-brain or linear thinking may be important for scheduling, resource 
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3.3 Mind Map as a WBS Generating and Developing Tool 
You can't start a project without thinking, "What do I do first?" , Even with small projects 
you need to know what the project aims to do, how you'll know if you've finished and etc. 
In the initial and planning stage, a successful manager should use his team creativity, in fact 
a creative leadership is not enough and leader should facilitate the context and introduce an 
appropriate tool to his team for exchanging opinions and making new and creative ideas. In 
this stage we may face to these questions: 

 What will be the major project deliverable? 
 What will not be considered in the project scope? 
 What tasks must be done to complete these deliverables? 
 What might go wrong if we implement the project in this way (with these tasks)? 

Omission of these important project aspects can lead to irrecoverable and serious outcomes. 
The tendency for planners to jump immediately to scheduling and “doing” is a function of 
organizational biases toward “left-brain” or linear thinking that led to these events. Many of 
these unwanted outcomes happen because of being inattention to think strategically and 
creatively at the time of planning projects, so there is a vital need for a tool to help the man 
mind to think creatively at the planning process, Mind map can be served as helpful tool to 
understand what the project aims to produce, what it covers, what you will need to finish it 
and generally what the scope of the project will be.  
As it is discussed in section 2.2 one of the vital phases in planning process in "Creating 
WBS". WBS is a hierarchical breakdown of the work to be done in the project or as it is 
defined in PMBOK is the process necessary for subdividing the major project deliverables 
and project work into smaller, more manageable components. The value of WBS can be 
stated as follows: 

 WBS organizes the project work and creates a framework which integrates the 
management of the project and other processes like controlling, planning, 
scheduling, etc.  

 WBS enables project team to organize the work into small deliverable and make 
easy the assigning responsible for each deliverable and activity. 

A WBS can be created using any techniques of listing and Grouping project tasks. One of the 
most powerful tools for creating WBS is mind mapping. With this approach project team 
begin to brainstorm, keeping in mind the various categories of major deliverables and 
appreciating connections. Each major component gets a branch, and the team captures ideas 
in words and symbols using color, size, and shape to add emphasis. Writing down each 
output on a separate note and brainstorm with the project team to find all the tasks that 
would need to be completed to deliver the output the mind map is formed (as it is shown in 
Figure 5). 
 
 
 
 
 
 
 

 

 
 

Fig. 5. Mind map showing an output broken to tasks 
 
3.4 Prolog 
Prolog is a logic programming language and its name is abbreviation for programmation en 
logique (French for programming in logic). It is a general purpose, high-level programming 
language widely utilized in artificial intelligence. Prolog enables the user to build programs 
by stating what they want the program to do rather than how it should do it. In the other 
words unlike many other programming languages, prolog is declarative rather than 
procedural and that’s enough to expresses the logic of a computation without describing its 
control flow. Due to Prolog's grounding in first-order predicate logic it is intended to be 
more analogous with human deductive reasoning than other programming languages. 
 The program logic is expressed in terms of relations, and execution is triggered by running 
queries over these relations. 
Prolog programs describe relations, defined by means of clauses. There are two types of 
clauses in prolog programming: Facts and rules. 
A rule is of the form: 
  Head: - Body. 
and is read as "Head is true if Body is true". A rule's body consists of calls to predicates, 
which are called the rule's goals. Clauses with empty bodies are called facts. 
 For further information about prolog you can study "Prolog programming for artificial 
intelligence" by Ivan Bratko. 
We used prolog programming as an AI tool to implement our intelligent framework to 
create project WBS. 
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3.5 Semantic Network  
"Semantic Networks" were first invented for computers by Richard H. Richens of the 
Cambridge Language Research Unit in 1956 as an "interlingua" for machine translation of 
natural languages and it is defined as a graphic notation for representing knowledge in 
pattern of interconnected nodes which represent concepts, and arcs which represent 
semantic and binary relationship between concepts. In the other words, a semantic network 
is a way of representing relationships between concepts, which often each concept is 
represented by a word or set of words. Knowledge representation (in AI) is used to 
represent knowledge in a manner to facilitate drawing conclusion from knowledge and its 
fundamental aim is to store knowledge so that computer program can process it and achieve 
the verisimilitude of human intelligence. There are some ways of knowledge representation 
like: rules, frames, etc. but we use semantic network. Semantic networks were motivated by 
cognitive models of human memory; they are a compromise between the logic “declarative” 
and the “procedural” forms of knowledge representation. Firstly semantic network have 
long been used in psychology, philosophy and linguistic. But later they have been 
developed for artificial intelligence and machine translation. 
Mind map and semantic network are similar to each other, but there are some differences 
between them: In mind map there are no restrictions on the kinds of links and relationships 
used, in fact in mind map kind of the relation between objects are not important but in 
semantic network a binary relation between objects must be determined. A fairly major 
difference between mind maps an semantic networks is that the structure of a mind map, 
with nodes propagating from a centre and sub nodes propagating from nodes is 
hierarchical, whereas semantic networks, where any node can be connected to any node, 
have a more heterarchical structure. The most important relations between concepts are 
subclass relations between classes and sub classes, and instance relations between particular 
object and their parent class. 
However any other relations are allowed. Some of common relations are as follows: 

 ISA – relates an object to a class, i.e. it defines an instance of a class 
 AKO (a-kind-of) – relates a class to another class, or may define a subset. This link 

type demonstrates the relationship between classes. 
 PARTOF (part-of) – represents how an object is composed of other objects, or 

inherits only part of the parent class. 
 HASA (has-a) – relates an object to a property or attribute.  

But it is possible to define any relation between objects in a semantic network. 
Sample of a semantic network with "is a" relation is shown in figure 6. 
 

 

 
Fig. 6. A sample semantic network 
 
4. The Proposed Intelligent Framework 
 

Due to the usefulness of mind map and AI, as discussed in previous sections, in this section 
a new method based on these two tools for generating WBS or activities list is proposed. The 
framework of the proposed method is presented in figure 7.  
 
 
 
 
 
 
 
 
 
 
 
 
  
 
  
 
Fig. 7. (Proposed method) - The process of extracting WBS 
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pattern of interconnected nodes which represent concepts, and arcs which represent 
semantic and binary relationship between concepts. In the other words, a semantic network 
is a way of representing relationships between concepts, which often each concept is 
represented by a word or set of words. Knowledge representation (in AI) is used to 
represent knowledge in a manner to facilitate drawing conclusion from knowledge and its 
fundamental aim is to store knowledge so that computer program can process it and achieve 
the verisimilitude of human intelligence. There are some ways of knowledge representation 
like: rules, frames, etc. but we use semantic network. Semantic networks were motivated by 
cognitive models of human memory; they are a compromise between the logic “declarative” 
and the “procedural” forms of knowledge representation. Firstly semantic network have 
long been used in psychology, philosophy and linguistic. But later they have been 
developed for artificial intelligence and machine translation. 
Mind map and semantic network are similar to each other, but there are some differences 
between them: In mind map there are no restrictions on the kinds of links and relationships 
used, in fact in mind map kind of the relation between objects are not important but in 
semantic network a binary relation between objects must be determined. A fairly major 
difference between mind maps an semantic networks is that the structure of a mind map, 
with nodes propagating from a centre and sub nodes propagating from nodes is 
hierarchical, whereas semantic networks, where any node can be connected to any node, 
have a more heterarchical structure. The most important relations between concepts are 
subclass relations between classes and sub classes, and instance relations between particular 
object and their parent class. 
However any other relations are allowed. Some of common relations are as follows: 

 ISA – relates an object to a class, i.e. it defines an instance of a class 
 AKO (a-kind-of) – relates a class to another class, or may define a subset. This link 

type demonstrates the relationship between classes. 
 PARTOF (part-of) – represents how an object is composed of other objects, or 

inherits only part of the parent class. 
 HASA (has-a) – relates an object to a property or attribute.  

But it is possible to define any relation between objects in a semantic network. 
Sample of a semantic network with "is a" relation is shown in figure 6. 
 

 

 
Fig. 6. A sample semantic network 
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In fact we extract project WBS from the obtained mind map of brainstorming project team 
by an artificial intelligence (AI) tools which is prolog programming language. 
The proposed method can be used in every domain for generating WBS. 
To show the capability of this method in practical situations two sample projects are 
considered and this method is applied on them. One of the samples is a building 
construction project which has three floors and another is an electrical panel production 
project. Figure 8 presents a set of electrical panels.  
 

 
Fig. 8. Electrical panel  
 
For two sample project, as shown in figure 7, at first project team members created and 
developed mind map, then they transmuted it to semantic network. Finally projects WBS 

were extracted by the aid of the resulted semantic network and prolog programming. 
As a schematic sample, a part of the related semantic network of the second project is shown 
in figure 9.  
Some of two project activities, which are extracted from the related semantic network, are as 
follows: 
 
Building construction 

 Execute of foundation. 
o Excavation of foundation. 

 Execute base of columns. 
 Execute columns. 
 Execute walls. 

o Plastering of wall of grand floor. 
o Painting of wall of grand floor. 
o etc. 

 Install of powerhouse's equipments 
 Execute hot/cold water piping. 
 Install of door and windows 
 Water proofing of roof. 
 Execute of face: 

o Install face's stone. 
• Etc. 

 

 
 

Fig. 9. Semantic network for the electrical panel production project 
 
-electrical panel production 

 Engineering 
o Phase 1 Designing 

      - single Line Providing  
      -General Arrangement Providing 
      -List Of Main Providing  
      -Approve By Customer I 

o Phase 2 Designing 
          -Circuit Diagram Providing 
          - LV Door Front View Preparing 
          - Equipment List Preparing 
          - Performance Diagram Providing 
          - Approve By Customer II  
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 Procurement: 
o Internal Procurement: 

             -Purchasing  Document of VT 
             - Prebill  Approve of VT  
             - Announce  To  Supplier of VT 
             - Prepayment of VTT  
             - payoff of VT 
             - Purchasing  Document of CT 
             - Prebill  Approve of CT 
             - Announce  To  Supplier of CT 
             - Prepayment of CT 
             - payoff of CT 
             - Purchasing  Document of Other Equipment 
             - Prebill  Approve of Other Equipment 
             - Announce  To  Supplier of Other Equipment 
             - Prepayment of Other Equipment 
             - payoff of Other Equipment 

o External Procurement: 
             - Purchasing  Document of CB 
             - Performa  Approving of CB 
             - Performa  Sending of CB 
             - Announce  To  Supplier of CB 
             - Prepayment of CB 
             - Transportation of CB 
             - Payoff of CB 
             - Purchasing  Document of Metering Equipment 
             - Performa  Approving of Metering Equipment 
             - Performa  Sending of Metering Equipment 
             - Announce  To  Supplier of Metering Equipment 
             - Prepayment of Metering Equipment 
             - Transportation of Metering Equipment 
             - Payoff of Metering Equipment 
             - Purchasing  Document of Control Equipment 
             - Performa  Approving of Control Equipment 
             - Performa  Sending of Control Equipment 
             - Announce  To  Supplier of Control Equipment 
             - Prepayment of Control Equipment  
             - Transportation of Control Equipment  
             - Payoff of Control Equipment  

 Construction 
           - Body Assembling 
           - Mechanical Equipment 's Installation 
           - Electrical Equipment 's Installation 

A part of source code of the second project is shown in appendix. 
These examples show the proposed framework can be used for extracting the activities list 
of project successfully. 

 

5. Concluding Remarks 
 

As you know there are gigantic projects in some fields with thousands activities. For these 
projects creating a comprehensive WBS, is a demanding task. With respect to the importance 
of WBS, developing of a method to manage this process is a vital need. As you see with the 
aid of mind mapping and AI you can overcome this problem and generate a comprehensive 
WBS. 
As a future survey, brainstorming of experts in such especial domain and generating a mind 
map WBS in the first phase and developing an expert system with the aid of AI and 
semantic network in the second phase to create and develop WBS of project can be 
suggested. 
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             - Purchasing  Document of CB 
             - Performa  Approving of CB 
             - Performa  Sending of CB 
             - Announce  To  Supplier of CB 
             - Prepayment of CB 
             - Transportation of CB 
             - Payoff of CB 
             - Purchasing  Document of Metering Equipment 
             - Performa  Approving of Metering Equipment 
             - Performa  Sending of Metering Equipment 
             - Announce  To  Supplier of Metering Equipment 
             - Prepayment of Metering Equipment 
             - Transportation of Metering Equipment 
             - Payoff of Metering Equipment 
             - Purchasing  Document of Control Equipment 
             - Performa  Approving of Control Equipment 
             - Performa  Sending of Control Equipment 
             - Announce  To  Supplier of Control Equipment 
             - Prepayment of Control Equipment  
             - Transportation of Control Equipment  
             - Payoff of Control Equipment  

 Construction 
           - Body Assembling 
           - Mechanical Equipment 's Installation 
           - Electrical Equipment 's Installation 

A part of source code of the second project is shown in appendix. 
These examples show the proposed framework can be used for extracting the activities list 
of project successfully. 

 

5. Concluding Remarks 
 

As you know there are gigantic projects in some fields with thousands activities. For these 
projects creating a comprehensive WBS, is a demanding task. With respect to the importance 
of WBS, developing of a method to manage this process is a vital need. As you see with the 
aid of mind mapping and AI you can overcome this problem and generate a comprehensive 
WBS. 
As a future survey, brainstorming of experts in such especial domain and generating a mind 
map WBS in the first phase and developing an expert system with the aid of AI and 
semantic network in the second phase to create and develop WBS of project can be 
suggested. 
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  eng2(P):- 
  write("  Phase 2"),nl, 
    
   need("PhaseII Designing",P),write("          -"). 
    
   eng3(P):- 
   write("Designing"),nl, 
     eng1(P). 
     eng3(P):- 
     eng2(P). 
  proc1(P):- 
   write("          Internal Procurement:"),nl, 
   isa("InternalProcurment",X),need("InternalProcurment",Y), 
   write("             - ", Y, " of ",X). 
  proc2(P):- 
   write("          External Procurement:"),nl, 

Framework of Intelligent Systems to Support Project Scope 79

 

A Mango. (1992). “Expert system concepts for project planning.”., 1992, Project Management 
Institute. 

HM Leung, KB Chuah, VM Rao Tummala. (1998). "A Knowledge-based System for 
Identifying Potential Project Risks”. Omega, volume26, Issue 5, 1998,623-638. 

C Zozaya-Gorostiza, C Hendrickson, D R. Rehak (1990). “A knowledge-intensive planner 
for construction  projects.” Building and environment. Issue 3. 1990,269-278. 

Schuyler, John R (2000). “Expert systems in project management.“. 2000, Project 
Management Institute. 

Avots, Ivars, ”Application of expert systems concepts to schedule control“ Project 
Management Institute. 

Nemati H., Todd, D. W. Brown, Paul D, (2002). ”A hybrid intelligent system to facilitate 
information system project management activities“, 2002, Project Management 
Institute. 

Xiaoqing (Frank) L, Gautam Kane, Monu Bambroo (2006). ”An intelligent early warning 
system for software quality improvement and project management“, 2006, Journal 
of systems and software, volume 79, Issue 11, 1552_1564. 

K.C. Lam, D. Wang, Patricia T.K. Lee, Y.T. Tsang. (2007). “Modeling risk allocation decision 
in construction contracts” International Journal of Project Management 25 ,2007, 
485–493. 

K.C. Iyer, N.B. Chaphalkar, G.A. Joshi. (2008). “Understanding time delay disputes in 
construction contracts”. International Journal of Project Management 26 , 2008, 174–
184. 

N. Lea Hyer, K. A. Brown, “Whole-brain thinking for project managementî. 
T Akpodiete. “Mind mapping as a Project Management Tool” .Project Management Institute. 
D.J. Mullier, M.B. Dixon. “Authoring Educational Hypermedia Using a Semantic Network” 

Faculty of Information and Engineering Systems, Leeds Metropolitan University. 
Wikipedia site_ the free encyclopedia. 

 
Appendix: 
PROLOG Resource Code of Electrical Panel Production 
process("Tableau","Engineering"). 
process("Tableau","Procurment"). 
process("Tableau","Construction"). 
consistOf("Engineering","PhaseI Designing"). 
consistOf("Engineering","PhaseII Designing"). 
consistOf("Procurment","Internal Procurment"). 
consistOf("Procurment","External Procurment"). 
consistOf("Construction","Body"). 
consistOf("Construction","Inter Body"). 
has("Inter Body","Mechanical Equipment"). 
has("Inter Body","Electrical Equipment"). 
isa("InternalProcurment","VT"). 
isa("InternalProcurment","CT"). 
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isa("ExternalProcurment","ControlEquip"). 
need("PhaseI Designing","single Line Providing "). 
need("PhaseI Designing","General Arrangement Providing"). 
need("PhaseI Designing","List Of Main Providing "). 
need("PhaseI Designing","Approve By Customer I"). 
need("PhaseII Designing","CircuitDiagram Providing"). 
need("PhaseII Designing","LV Door Front View Preparing"). 
need("PhaseII Designing","Equipment List Preparing"). 
need("PhaseII Designing","Performance Diagram Providing"). 
need("PhaseII Designing","Approve By Customer II "). 
need("InternalProcurment","Purchasing  Document"). 
need("InternalProcurment","Prebill  Approve"). 
need("InternalProcurment","Annonce  To  Supplier"). 
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need("ExternalProcurment","Annonce  To  Supplier"). 
need("ExternalProcurment","Prepeyment"). 
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need("ExternalProcurment","PayOff"). 
not(P):- 
 P,!,fail ;true. 
 
  eng1(P):- 
     write("  Phase 1"),nl, 
       
     need("PhaseI Designing",P), write("      -"). 
    
  eng2(P):- 
  write("  Phase 2"),nl, 
    
   need("PhaseII Designing",P),write("          -"). 
    
   eng3(P):- 
   write("Designing"),nl, 
     eng1(P). 
     eng3(P):- 
     eng2(P). 
  proc1(P):- 
   write("          Internal Procurement:"),nl, 
   isa("InternalProcurment",X),need("InternalProcurment",Y), 
   write("             - ", Y, " of ",X). 
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   write("          External Procurement:"),nl, 



Recent Advances in Technologies80

 

   isa("ExternalProcurment",X),need("ExternalProcurment",Y), 
    write("             - ", Y, " of ",X). 
  proc3(P):- 
  write("    Procurement:"),nl, 
  proc1(P). 
   proc3(P):- 
  proc2(P). 
   
  con1(P):- 
consistOf("Construction",X), 
not(has(X ,Y)), 
write("          -", Y ," Assembeling"). 
 
con2(P):- 
consistOf("Construction",X), 
has(X,Y), 
write("           - ",Y," 's Instalation"). 
 
con3(P):- 
write("    Construction"),nl, 
con1(P). 
con3(P):- 
con2(P). 
task(P):- 
eng3(P). 
 
task(P):- 
proc3(P). 
 
task(P):- 
con3(P). 
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1. Introduction 
 

Neural networks are one of the many types of intelligent systems that are in use 
today. These systems allow for machines to make decisions based on relationships that are 
either not fully understood or are very complex. Neural networks are trained by providing 
a series of inputs and the corresponding outputs for the task being performed. Once the 
network has been trained, it will produce an output the same as, or very close to, the actual 
value, without the relationship between the inputs and outputs being explicitly 
programmed into the network. For this reason intelligent system have a very wide range 
of applications, ranging from voice and face recognition to simpler things like motor 
control and inferential sensors. In this chapter we will explore the use of neural networks 
on the lowest end of devices capable of implementing neural networks. Specifically we will 
look at integer neural networks. 
Integer Neural Networks (INNs) are of particular interest when dealing with very low cost 
microcontrollers. Integer neural networks are implementations of Artificial Neural 
Networks (ANN) that only use integer values, as opposed to conventional 
implementations that use floating or fixed-point values. The type of values used can have a 
large impact on both the accuracy and execution speed of a network, especially when 
dealing with low cost microcontrollers that lack the hardware to perform floating or fixed-
point arithmetic. 
In this chapter we will explore the reasons behind the need for integer neural networks, the 
types of hardware that can expect an increase in performance when using integer-
only networks, and the relative increase in performance on those types of hardware. 
Additionally, we will look at the advantages of using DSP operations that are now 
available on these low cost microcontrollers. Finally we will look at an example 
implementation of an integer neural network to see how quantization affects the accuracy 
of the output of the network (Dragaci, 1999). 

 
2. Integer and Floating Point Hardware 
 

The motivation behind using integer neural networks is to reduce the final cost of a system 
that uses a neural network. This is possible because microcontrollers that contain the 
hardware for performing floating or fixed point operations are significantly more 
complex then integer versions, and thus more expensive. Early Personal Computers (PCs) 
did not include floating-point hardware for this very reason. IBM computers using the Intel 
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con3(P):- 
con2(P). 
task(P):- 
eng3(P). 
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x86 family of processors did not include floating-point hardware until the release of the 
486DX, and the Intel 486SX was released as a cheaper version of this processor without 
floating point hardware. Any floating point operations had to be done in software which 
greatly reduced performance, or via the Intel 8087 floating point co-processor. Apple 
computers using the Motorola 68000 operated in a similar fashion with the 68881/68882 as 
the coprocessor. While modern computer designs have long since moved past these 
limitations, selecting a microcontroller for a low cost application makes this a pertinent 
consideration. Microcontrollers that include floating-point hardware can cost many times 
more than an equivalent integer-only version. Recently new integer-only microcontrollers 
(such as the Microchip dsPIC30fxxxx and dsPIC33fxxxx series chips) have been released 
that included some Digital Signal Processor (DSP) functions, which have been shown to 
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The output of a neuron is a function of the accumulated product of the neurons inputs 
and its weights. The function is called the activation function and it is most often a sigmoid 
to simplify the calculation of the derivative when performing backpropagation. There are 
several types of activation functions, but generally they perform the same purpose. Most 
importantly it is from the activation function that a neural network achieves non-linearity in 
the output of a neuron. Also the activation function places limits on the magnitude of the 
values inside the network. Limiting the size of the values in the network is an important 
consideration for integer neural networks as the range of values is much more limited then 
floating-point values. 
Typically an activation function output ranges from 0 to 1 or -1 to +1. While this is not an 
issue for a floating point network, it is an integer neural network. Taking the second case, 
an integer neural network would quantize the output of the activation function into -1, 0, 
+1. The does not provide nearly enough selectivity to provide accurate classification. One 
method to avoid this is to stretch the activation function so that more function outputs exist 
as whole values. Figure 3 shows the activation function (tanh) stretched according to (5). 
 

 
Fig. 3. Stretched activtion function (tanh). 
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This quantized activation function can be stored in a Look Up Table (LUT) so that the tanh 
function does not need to implemented. Using a LUT is much faster than calculating tanh 
even if the microcontroller supports floating-point operations. In a LUT the output value of 
the activation function is retrieved from memory based on the value of Net. This means that 
the tanh value does not have to be calculated which can be a time and resource consuming 
task. 

3.2 Backpropagation 
Training an integer neural network remains a serious challenge. The most common 
method of training a neural network is backpropagation. In a normal neural network the 
magnitude of the weight updates is attenuated by the decimal values in the network. 
Additionally a small constant, η, is multiplied directly to the weight update to further 
reduce the rate at which the weights are updated as seen in (6). This is important because 
the network must gradually move to a solution, by having very small weight updates 
the network does not skip over possible solutions. However in an integer neural network, 
the magnitude of the values in the network are always equal to or greater than one. This 
means that the weight updates have the potential to become very large after successive 
multiplications (7). When the weight updates are very large the output of the network 
will change drastically after each update, preventing the network from moving toward a 
solution. 
The second major challenge is in the derivative of the stretched tanh function. 
 

  
Fig. 4. Derivative of stretched tanh. 
 
Figure 4 shows that only a small portion of the input space for the derivative of the 
activation function is non-zero. This implies that the weight update is zero and the network 
does not move towards a solution. 
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Equation (6) shows how the weight update is determined for the output neuron, and how 
the value η is used to control the rate of weight convergence. The input weight for a neuron 
is calculated by multiplying the input, y, the derivative of the activation function f’(Net), and 
the difference between the target value and the output (7) . For values of Net where f'(Net) 
is zero, δ is also zero, leading to Δω the weight update, to also be zero (7). 
Without the use of the derivative of the stretched tanh function, normal backpropagation 
cannot be performed. There are many approaches to this problem, such as fixed weight 
updates (Tang et al., 1997), as shown in equations (8) and (9). 
 

  Net Input                                                               (8) 

   1 0

1 0






 
 

 
             

if

if                                                          (9) 

 
This simplified backpropagation allows the weights to be updated by small steps, avoiding 
the need for η to reduce the magnitude of the weight update. It also removes the need to 
calculate the derivative of the activation function. However the down side to this 
approach is that the network is trained very slowly and it can be difficult for the weights to 
diverge because they are being changed at the same rate every iteration. Other 
methods such as (Tang et al., 1997) and (Xu et al., 1992) provide some other methods of 
weight updates for integer neural networks using different solutions. Training integer 
neural networks remains much more difficult then training floating-point networks. 

 
4. Execution Time Comparison 
 

The first consideration when choosing an integer neural network is execution time. If the 
target system has timing constraints that are easy to meet, then it may be possible to use a 
floating-point network on low cost hardware despite the performance drawbacks. 
However it is often the case that faster execution is required to meet the demands of the 
application. Additionally a faster network can allow the microcontroller to operate at a 
reduced clock speed and thereby consume less power. To compare the performance of 
integer neural networks and floating point neural networks a very simple 2-2-1 neural 
network, shown in Figure 2, was trained to solve the XOR problem and then 
implemented in hardware. For testing, a dsPIC30F2011 (Behan et al., 2008) was chosen as 
being representative of the type of low cost DSP capable microcontrollers that are best able 
to benefit from integer neural networks, as well as demonstrate the effects of DSP 
acceleration. For timing purposes the number of clock cycles used was chosen as the base 
measurement as it is independent of the type and clock speed of the microcontroller. 
Equations (10), (11), and (12) show the output of the neurons at the output, hidden, and 
inputs layers respectively. 

 
( ) k jk jOut f W Out            (10) 

( ) j ij iOut f W Out            (11) 
iOut xi               (12) 

At the output layer (10) the output is the sum of the weights (Wjk) and the outputs from the 
previous layer (Outj), this is also called the Net value. The Net is then transformed by the 
activation function, and the result is the output. The output of the hidden layer (11) is the 
same, except the previous layer is now the input layer. The input (12) layer is simply the 
inputs to the network. 
Three variants of the code were written, one with floating point variables and constants, and 
one with integer variables and constants. The integer version has two subversions; one with 
DSP acceleration and one without. To maintain an accurate comparison, the output of the 
floating point net calculation was set to zero so that it may use a LUT. This was done to 
ensure that the performance increase shown is the result of using integers and not 
because of the LUT. One neuron shows the time needed to calculate the output of one 
neuron. Further details on the testing and performance comparison are available in 
(Behan et al., 2008). The time to execute different parts of the neural network in clock 
cycles is shown in Table 1. Fastest times are in bold. 
 

 INN with DSP       INN without 
           DSP Floating Point 

Net Calculation 21cc 87cc 776cc 

One Neuron 49cc 115cc 923cc 
     Whole Sample 
              Set 717cc 1509cc 11996cc 

Table 1. Comparison of execution times. 
 
As seen in Table 1, the integer neural network is the fastest method in all of the cases. The 
DSP operations allow the Net value to be calculated four times faster than would be 
possible without DSP operations. For the calculation of the whole sample set, the speed 
increase provided by the DSP operations has been reduced because the Net calculation 
accounts for only a small portion of the overall calculations. 
The integer calculations without DSP operations also perform quite well. While slower than 
the DSP version, it is still significantly faster than the floating point version. For this small 
network with few interconnects the integer version operates at half the speed for the whole 
sample set. For larger networks where the Net calculation accounts for more of the overall 
calculation time, the performance gap between DSP and non-DSP will increase. 
The last tested version was the floating-point version. As expected the lack of floating point 
hardware greatly degrades the performance of this network. The integer versions are faster 
by a factor of 7.9 without DSP acceleration and by a factor of 16.7 with DSP operations. As 
with the difference between the DSP and non-DSP versions, as the size of the network 
increases so too will the performance gap increase between integer and floating point 
networks. The gap in performance is directly proportional to the amount of processing time 
needed for the Net calculation relative to the rest of the system. It is important to remember 
that the activation function was not actually calculated to remove any testing bias 
against the floating point version. A full implementation that calculates the activation 
function will require many more clock cycles. The floating point would perform much better 
on hardware that supports floating point operations, but on low cost chips the performance 
is significantly less than that of integer only neural networks. 
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Equation (6) shows how the weight update is determined for the output neuron, and how 
the value η is used to control the rate of weight convergence. The input weight for a neuron 
is calculated by multiplying the input, y, the derivative of the activation function f’(Net), and 
the difference between the target value and the output (7) . For values of Net where f'(Net) 
is zero, δ is also zero, leading to Δω the weight update, to also be zero (7). 
Without the use of the derivative of the stretched tanh function, normal backpropagation 
cannot be performed. There are many approaches to this problem, such as fixed weight 
updates (Tang et al., 1997), as shown in equations (8) and (9). 
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This simplified backpropagation allows the weights to be updated by small steps, avoiding 
the need for η to reduce the magnitude of the weight update. It also removes the need to 
calculate the derivative of the activation function. However the down side to this 
approach is that the network is trained very slowly and it can be difficult for the weights to 
diverge because they are being changed at the same rate every iteration. Other 
methods such as (Tang et al., 1997) and (Xu et al., 1992) provide some other methods of 
weight updates for integer neural networks using different solutions. Training integer 
neural networks remains much more difficult then training floating-point networks. 

 
4. Execution Time Comparison 
 

The first consideration when choosing an integer neural network is execution time. If the 
target system has timing constraints that are easy to meet, then it may be possible to use a 
floating-point network on low cost hardware despite the performance drawbacks. 
However it is often the case that faster execution is required to meet the demands of the 
application. Additionally a faster network can allow the microcontroller to operate at a 
reduced clock speed and thereby consume less power. To compare the performance of 
integer neural networks and floating point neural networks a very simple 2-2-1 neural 
network, shown in Figure 2, was trained to solve the XOR problem and then 
implemented in hardware. For testing, a dsPIC30F2011 (Behan et al., 2008) was chosen as 
being representative of the type of low cost DSP capable microcontrollers that are best able 
to benefit from integer neural networks, as well as demonstrate the effects of DSP 
acceleration. For timing purposes the number of clock cycles used was chosen as the base 
measurement as it is independent of the type and clock speed of the microcontroller. 
Equations (10), (11), and (12) show the output of the neurons at the output, hidden, and 
inputs layers respectively. 

 
( ) k jk jOut f W Out            (10) 

( ) j ij iOut f W Out            (11) 
iOut xi               (12) 

At the output layer (10) the output is the sum of the weights (Wjk) and the outputs from the 
previous layer (Outj), this is also called the Net value. The Net is then transformed by the 
activation function, and the result is the output. The output of the hidden layer (11) is the 
same, except the previous layer is now the input layer. The input (12) layer is simply the 
inputs to the network. 
Three variants of the code were written, one with floating point variables and constants, and 
one with integer variables and constants. The integer version has two subversions; one with 
DSP acceleration and one without. To maintain an accurate comparison, the output of the 
floating point net calculation was set to zero so that it may use a LUT. This was done to 
ensure that the performance increase shown is the result of using integers and not 
because of the LUT. One neuron shows the time needed to calculate the output of one 
neuron. Further details on the testing and performance comparison are available in 
(Behan et al., 2008). The time to execute different parts of the neural network in clock 
cycles is shown in Table 1. Fastest times are in bold. 
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One Neuron 49cc 115cc 923cc 
     Whole Sample 
              Set 717cc 1509cc 11996cc 

Table 1. Comparison of execution times. 
 
As seen in Table 1, the integer neural network is the fastest method in all of the cases. The 
DSP operations allow the Net value to be calculated four times faster than would be 
possible without DSP operations. For the calculation of the whole sample set, the speed 
increase provided by the DSP operations has been reduced because the Net calculation 
accounts for only a small portion of the overall calculations. 
The integer calculations without DSP operations also perform quite well. While slower than 
the DSP version, it is still significantly faster than the floating point version. For this small 
network with few interconnects the integer version operates at half the speed for the whole 
sample set. For larger networks where the Net calculation accounts for more of the overall 
calculation time, the performance gap between DSP and non-DSP will increase. 
The last tested version was the floating-point version. As expected the lack of floating point 
hardware greatly degrades the performance of this network. The integer versions are faster 
by a factor of 7.9 without DSP acceleration and by a factor of 16.7 with DSP operations. As 
with the difference between the DSP and non-DSP versions, as the size of the network 
increases so too will the performance gap increase between integer and floating point 
networks. The gap in performance is directly proportional to the amount of processing time 
needed for the Net calculation relative to the rest of the system. It is important to remember 
that the activation function was not actually calculated to remove any testing bias 
against the floating point version. A full implementation that calculates the activation 
function will require many more clock cycles. The floating point would perform much better 
on hardware that supports floating point operations, but on low cost chips the performance 
is significantly less than that of integer only neural networks. 
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is zero, δ is also zero, leading to Δω the weight update, to also be zero (7). 
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cannot be performed. There are many approaches to this problem, such as fixed weight 
updates (Tang et al., 1997), as shown in equations (8) and (9). 
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5. Accuracy and Quantization 
 

The second major consideration when choosing to use an integer neural network is the 
accuracy of the network. All of the values in an integer neural network must be whole 
numbers, for this reason all of the values in the integer neural network must fit into a 
limited range of predefined values. The range of values affects the accuracy, as well as the 
amount of memory used by the network. A larger range of values will be more accurate, 
but also require more memory to store values and LUTs. 
To explore effects the of quantization we will use the following example system. The goal of 
this system is to determine the temperature inside of a building (Tavg), using external 
measurements (Liao & Dexter, 2003). The external measurements used are the outside 
temperature T0, the amount of solar radiation (Qsol), and the energy consumed by the boiler 
(Qin) (Jassar et al., 2009). All of the training data was collected from a specialist experimental 
facility (BRE & INCITE. 2001) and are normalized to values between -1 and +1. A 3x20x3x1 
network, shown in Figure 5, is then trained using backpropagation. 
 

 
Fig. 5. A 3x20x3x1 neural network. 
 
This creates a base network from which the integer network are derived and compared. 
To create an integer neural network from this all of the input and weights of the network are 
multiplied by a scaling factor Sf and then quantized into whole values. By scaling and 

quantizing each part of the network an integer neural network model is created. All values 
are adjusted to this new scale before being used in any operations. For the activation 
function the scaling is reversed, bringing the value back into the normal range. The 
activation function, in this case tanh, is then applied. The values are then rescaled and 
quantized for use in the rest of the network. The reason for doing this is to maintain a 
consistent network structure, only the value of Sf is changed for each level of quantization. 
This allows for many different levels of quantization to be tested with the same network 
while at the same time ensuring that model is accurate. In an actual implementation, the 
activation function would be replaced with a LUT for the chosen scaling factor. 
Mathematically the scaling and quantizing are substituted into the normal function of a 
neuron, where O is the output, I is the input vector to that neuron, W is the weight vector, 
and B is the bias. Equation (13) shows the output for a neuron in a normal neural network. 
The scaling factor Sf is applied to each of the values used by the network before they are used. 
The resulting value is then quantized to a whole value as seen in (14). 
 

O = tanh(I • W + B)                       (13) 
2 2

f f f fO = tanh(( q(I *S ) * q(W *S ) + q(B *S ) / S )            (14) 
 
The scaling factor for the bias must be Sf2  to maintain proportionality to the rest of 
the equation as shown by the simplification in equations (15) and (16). 
 

2 2
f f f fO = tanh((I * S * W * S + B * S ) / S )            (15) 

2 2 2
f f fO = tanh((I * W *S + B*S ) / S )                            (16) 

 
Once the net value has been calculated the scaling is removed by dividing by the total 
amount of scaling, Sf2. This is then used by the activation function. The output from the 
activation function is used as the input for the next layer of the network, at this point the 
scaling and quantization is reapplied because the O of this layer becomes the Input for the 
next layer. 
The results of the trained base network is shown in Figure 6. This is the base accuracy 
from which the integer versions of this network can be compared. Below are the outputs of 
the integer neural network with different values for Sf. This shows the effects of varying 
levels of quantization. 
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neuron, where O is the output, I is the input vector to that neuron, W is the weight vector, 
and B is the bias. Equation (13) shows the output for a neuron in a normal neural network. 
The scaling factor Sf is applied to each of the values used by the network before they are used. 
The resulting value is then quantized to a whole value as seen in (14). 
 

O = tanh(I • W + B)                       (13) 
2 2

f f f fO = tanh(( q(I *S ) * q(W *S ) + q(B *S ) / S )            (14) 
 
The scaling factor for the bias must be Sf2  to maintain proportionality to the rest of 
the equation as shown by the simplification in equations (15) and (16). 
 

2 2
f f f fO = tanh((I * S * W * S + B * S ) / S )            (15) 

2 2 2
f f fO = tanh((I * W *S + B*S ) / S )                            (16) 

 
Once the net value has been calculated the scaling is removed by dividing by the total 
amount of scaling, Sf2. This is then used by the activation function. The output from the 
activation function is used as the input for the next layer of the network, at this point the 
scaling and quantization is reapplied because the O of this layer becomes the Input for the 
next layer. 
The results of the trained base network is shown in Figure 6. This is the base accuracy 
from which the integer versions of this network can be compared. Below are the outputs of 
the integer neural network with different values for Sf. This shows the effects of varying 
levels of quantization. 
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Fig. 6. Output of the base neural network. 
 
Figure 6 shows the actual Tavg and the output of the base network. While this network 
contains some inaccuracies it is the relative performance between this network and the 
quantized integer neural networks that we are interested in. 
 

 
Fig. 7. Output of an integer neural network with Sf = 128. 
 

 
Fig. 8. Output of an integer neural network with Sf = 64. 
 
Figure 7 and Figure 8 show the network outputs when Sf is equal to 128 and 64 
respectively. At this level of quantization, the integer neural networks and the base network 
are almost identical. However memory usage is significant as the range of input values for 
the LUT are from - Sf2 to +Sf2. This results in 32 768 addresses and 8 192 addresses for the 
LUT for Sf = 128 and Sf  = 64 respectively. On a low cost microcontroller, this may exceed 
the amount of available RAM. However some microcontrollers will also allow LUTs to be 
stored in the program memory. In these cases, this is not an issue. 
 

 
Fig. 9. Output of an integer neural network with Sf = 8. 
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Fig. 10. Output of an integer neural network with Sf = 4. 
 
Figure 9 and Figure 10 show the network output for Sf of 8 and 4 respectively. Here the 
effects of quantization become much more pronounced and the accuracy of the networks 
becomes degraded. 
 

 
Fig. 11. Output of an integer neural network with Sf = 2. 
 
Figure 11 shows the network output at Sf equal to 2. Here the network is very inaccurate, 
the effects of quantization have degraded the network to such an extent that it is unusable. 
Table 1 shows a comparison of the accuracy of the networks at each level of quantization, 
using three types of statistical measures. 

Network RMSE R2 SSE 
Normal 0.60 0.7944 2724 
Sf =128 0.60 0.7942 2423 
Sf =64 0.60 0.7947 2729 
Sf =8 0.63 0.7779 2955 

Sf =4 0.66 0.7331 3281 
Sf =2 0.95 0.6058 6770 

Table 2. Accuracy comparison for various levels of quantization. 
 
As can be seen from Figures Figure 6 to Figure 11 and Table 2, when the value of Sf is high 
the integer neural networks performance is nearly identical to that of the base network. 
However as the rate of quantization increases, the accuracy of the network gradually 
degrades. The graceful degradation seen in this example will not be true for all systems, the 
network may degrade faster or slower but it may also hit a point where the level of 
quantization is too much and the network accuracy degrades very quickly. 
The key consideration for the level of quantization is the trade off between network 
accuracy, memory consumption, and register size. The larger the value of Sf, the smaller the 
amount quantization, the more accurate the network will be. However, at the same time this 
will increase the amount of memory needed to store the weights, inputs and LUTs. 
Additionally if the quantization results in weights or inputs larger then can be stored in one 
register on the microcontroller, the network will suffer an additional performance penalty. 
This can aid in the selection of the type of microcontroller to use. If the level of quantization 
allows for the inputs and weights to be stored in an 8 bit register, then a very low cost 
microcontroller can be used. However if the values are larger, then a 16 bit or possibly even 
32 bit microcontroller would be better suited to implementing the network. 

 
6. Conclusion 
 

Almost all system designs involve tradeoffs between performance, speed, and cost. In this 
chapter, we have explored integer neural networks as a method of reducing the cost of a 
system, while attempting to retain as much of the accuracy and speed of a floating-point 
neural network. It is important to note that integer neural networks are just one possible 
method of meeting design constraints. Integer neural networks excel on low cost 
microcontrollers. However integer neural networks can never achieve the level of accuracy 
that floating-point networks can. For this reason the decision on which type of network to 
use is subjective and must be viewed in light of the design goals for the system. When cost is 
the primary design concern, integer neural networks offer a very compelling combination of 
accuracy, speed, and cost that can significantly improve the price to performance ratio of the 
final product. 
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1. Introduction 
 

The reflection coefficient of elastic waves from planar boundaries is important for 
calculations of amplitudes of various seismic signals. The coefficient has been studies for the 
case of homogenous and inhomogeneous media with several types of velocity distributions 
by Sinha (1999), Tooly et al.(1965), Gupta (1965, 1966,1967), Acharya(1970), Cerveny(1974), 
Singh et al.(1978), Saini(1979), Singh et al.(2006), Tomar et al(2005), Sharma(2007) and others. 
In the existing literature the effects of dissipation and initial stresses present together in the 
medium has not been considered. A large amount of initial stresses may develop and may 
present in the medium caused by various factors, such as creep, gravity, external forces, 
difference of temperature etc. In fact, the Earth is an initially stressed and dissipative 
medium and the stresses are hydrostatic and compressive. Therefore, it is of interest to 
study the phenomenon of reflection of plane waves in the presence of initial stresses as well 
as dissipation.   
In this work, an attempt has been done to apply the theory of Biot's incremental deformation 
to derive closed-form algebraic expressions for the reflection coefficients when plane waves 
of P or SV type are incident at the plane free boundary of an initially stressed dissipative 
half-space. Basic governing equations are formulated in context of Biot's incremental 
deformation theory. Closed-form expressions for the reflection coefficients of P and SV 
waves incident at the free surface of an initially stressed dissipative medium are obtained. 
Numerical results presented indicate that the presence of compressive initial stresses 
increases the velocity of longitudinal wave (P-wave) but diminishes that of transverse wave 
(SV-wave). Also the initial stresses, present in the medium and dissipation, might effect 
the reflection coefficients significantly. 

 
2. Formulation of the problem and its Solution 
 

According to Biot (1965), the basic dynamical equations of motion for an infinite, initially 
stressed medium, in the absence of external body forces, in case of plane strain are  
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where u and v  are the displacement components. 
 
Assuming the anisotropy induced by initial stresses as orthotropic (in two dimensions) 
where the principal axes of initial stresses are identified with x, y axes, the stress-strain 
relations are taken as (Biot, 1965)  
 

                                                            

11 11 11 12 22

22 12 11 22 22

12 12

,

( ) ,

2 ,

 

s B e B e

s B P e B e

s Qe

 

  


                                                 (3) 

 
where 

i j
B (i, j = 1, 2)  and 

3
Q are the incremental elastic coefficients and shear modulus, 

respectively. 
These incremental elastic coefficients are related to Lame's coefficients and     of the 
isotropic unstressed state. For the present case [13], these are 
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where 11P S   is the normal initial stress along the horizontal direction. 
The incremental strain components eij (i, j = 1, 2) are related with the displacement 
components (u, v) through the relations  
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For Assuming dissipative medium, the two Lame's coefficients and     for isotropic 
unstressed state of the medium are replaced by complex constants: 
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where 1 i ,   and 22  are real and 1212     ,   . The stress and strain components 
in dissipative medium are given by Fung (1965), 
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where exp )(   iiu u i t ,  being  the angular frequency and  ( , 1,2i j  ). 
From (4) – (7) in relation (3), the stress-strain relations become 
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From (2), (3), (5) and (8), the equation of motion in terms of the displacement components  
u  and v  can be written as 
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The displacement Vector ( ) ( ) ( )( ,  , 0)n n nU u v


 is given by 
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where the index n  assigns an arbitrary direction of propagation of waves, 
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 is the unit displacement vector and  
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For non-zero solution of A and B, from equations(16) and (17),  one must have 
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Equation (19) gives the square of velocities of propagation as well as damping. Real parts of 
the right hand sides correspond to phase velocities and the respective imaginary parts 
correspond to damping velocities of P and SV waves, respectively. It is observed that both 
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SVc depend on initial stresses, damping and direction of propagation n
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Fig. 1. Reflection of P and SV waves at free surface of initially stressed medium 

 
3. Reflection of plane waves at stress-free surface 
 

We consider an initially stressed dissipative half-space occupying the region 0y  (figure 1). 
The plane of elastic symmetry is taken as the  x y  plane. In this section, we shall derive the 
closed-form expressions for the reflection coefficients, when plane (P or SV) waves incident 
at the traction-free boundary 0y . We consider plane strain case, in which the displacement 
components are independent of z and are of the type   
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Incident P or SV waves will generate reflected P and SV waves as shown in figure 1. 
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The subscripts (1) be assumed for incident P waves, (2) for incident SV waves, (3) for 
reflected P waves and (4) for reflected SV waves respectively.  
In the plane 0y , the displacement and stress components due to incident P-wave 
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1 1 2 1( sin , cos )  e e     may be written as 

 

                                1(1)
11

)1(  d   ieAu ,       , d  1(1)
21

)1(  ieAv  

 

                                                     , esinedcosed

,e )sinedcose(d 
1i

1
(1)
121

(1)
2311

)1(
22

1i
1

(1)
21

(1)
1111

)1(
12









QQkiAs

QkiAs
                            (27) 

where 

                                                              
)]. 2(    ) 2[(

, )(
),  (

22113

212

211









iQ
iQ
iQ

                                    (28) 

 
In the plane 0y , the displacement and stress components due to incident  SV-wave 
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In the plane 0y , the displacement and stress components due to reflected P-wave 
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In the plane 0y , the displacement and stress components due to reflected SV-wave 
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4. Boundary conditions 
 

The boundary conditions appropriate for the free surfaces are vanishing of incremental 
boundary forces. So, the  two boundary conditions required to be satisfied at the plane 0y , 
are  
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These equation can be written as: 
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4. Boundary conditions 
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4. Boundary conditions 
 

The boundary conditions appropriate for the free surfaces are vanishing of incremental 
boundary forces. So, the  two boundary conditions required to be satisfied at the plane 0y , 
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Inserting equations (27), (29), (30) and (31) in equations (33), we obtain 
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and
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Since equations (34) and (35) are to be satisfied for all values of x and t , hence 
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P sv P SVC C C C are phase velocities of incident P-wave, incident SV-wave, 
reflected P-wave and reflected SV-wave, respectively.  
The above equation gives 
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where aC is the apparent phase velocity. The above relation represents Snell's Law for 
orthotropic medium.  
Equations (34) and (35) after using relations (36)-(39),  may be written as,  
 

                                            1 1 2 2 3 3 4 4

1 5 2 6 3 7 4 8

0
0
 ,
 ,

A A A A
A A A A
   
   

   

   
                                            (40)                          

 
where                 

),1

),2 2

),3 3

),4 4

,5 1 3 2

6 2 3 2

7

(1) (1) (d cose d sine1 1 1 2 1
(2) (2)(d cose d sine1 2 2 2
(3) (3)(d cose d sine1 3 2 3
(4) (4)(d cose d sine1 4 2 4
(1) (1)d cose d sine2 1 1 1

(2) (2)d cose d sine , 2 2 1 2

k L

k L

k L

k L

k Q Q

k Q Q















 

 

  

  

   
 
   
 

,3 2 3

,8 4 2 3

( 1 1

(3) (3)d sine d cose1 3 2 3

(4) (4)d sine d cose1 4 2 4
L  ).  

k Q Q

k Q Q

Q





    
 
    
 

 

 

 
4.1 Incident P-waves  
In the case of incident P-waves, 2 0A   and equation (40) becomes 
 

                                                    1 1 3 3 4 4

1 5 3 7 4 8

0
0.
 ,A A A

A A A
  
  
  
  

                                                         (42)                          

 

Solving equation(42), we obtained the amplitude ratios in the form 
 

                                        3 4 5 1 8 4 3 5 1 7

3 8 4 7
1 3 8 4 7 1

( ) ( )
( )( )

 ,     
A A

A A

      
      

  


                                          (43) 

 

Reflection of plane waves at free surface of an initially stressed dissipative medium 103

 

                                  
 

.0

,0 2

)4(
22

)3(
22

)2(
22

)1(
22

)4(
12

)3(
12

)2(
12

)1(
121

)4(
12

)3(
12

)2(
12

)1(
12





ssss

eeeessss 
                           (33) 

 
Inserting equations (27), (29), (30) and (31) in equations (33), we obtain 
 

                                            

,0

e )sinedcose(d 

e )sinedcose(d

e )sinedcose(d

e )sinedcose(d

    

e )sinedcose(d     

e )sinedcose(d     

e )sinedcose(d    

e )sinedcose(d 

4i
4

(4)
24

(4)
144

3i
3

(3)
23

(3)
133

2i
2

(2)
22

(2)
122

1i
1

(1)
21

(1)
111

1

4i
4

(4)
24

(4)
1144

3i
3

(3)
23

(3)
1133

2i
2

(2)
22

(2)
1122

1i
1

(1)
21

(1)
1111



























































kA

kA

kA

kA

i

QkiA

QkiA

QkiA

QkiA



                        (34) 

and

 

                           

1 1 3 2

2 2 3 2

3 3 2 3

0.4 4 2 3

i(1) (1) 1d cose d sine e2 1 1 1
i(2) (2) 2    d cose d sine e2 2 1 2
i(3) (3) 3    d sine d cose e  1 2 2 3
i(4) (4) 4   d sine d cose e1 4 2 3

iA k Q Q

iA k Q Q

iA k Q Q

iA k Q Q

  
 

   
 

   
 

    
 

                               (35) 

 
Since equations (34) and (35) are to be satisfied for all values of x and t , hence 
 

                            1 2 3 4 ( x ,0 )  ( x ,0 )  ( x ,0 )  ( x ,0 ) ,                                 (36)      
 
which means 
 

                            1 1 2 2

3 3 4 4

( sin ) ( sin ),

( sin ) ( sin ).

       
       

i i
p SV

r r
p SV

k C t x e k C t x e

k C t x e k C t x e

  

   
                             (37) 

 
where , , ,  i i r r

P sv P SVC C C C are phase velocities of incident P-wave, incident SV-wave, 
reflected P-wave and reflected SV-wave, respectively.  
The above equation gives 
 

,sinsinsinsin 44332211 ekekekek   
and       

 

                                          1 2 3 4 . i i r r
P SV P SVk C k C k C k C                                          (38) 

 
From relation(13) equation.(38) can be written as 
 

                                                  1 2 3 4sin sin sin sin 1 ,e e e e
C C C C Cp p aSV SV

                                             (39) 

 
where aC is the apparent phase velocity. The above relation represents Snell's Law for 
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4.1 Incident P-waves  
In the case of incident P-waves, 2 0A   and equation (40) becomes 
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4.2 Incident sv-waves  
In the case of incident SV-waves, 1 0A   and equation (40) becomes 
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Solving equation(44), we obtained the amplitude ratios in the form 
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System of equations (43) and (45) contain both real and imaginary parts. Real parts of 
expressions (43) and (45) allow one to determine the reflection coefficients of the reflected P 
and SV-waves at a given incident P and SV waves amplitudes, respectively. 

 
5. Numerical calculations and conclusions 
 

For the purpose of numerical computations, the following Physical constants are considered 
for the infinite medium as Aswan geological crustal structures given by Kebeasy et al.(1991):  
 

.

 

105cm/s x 2.98 β   cm/s,510 x 5.3  α 

 ,2dyne/cm1110 x 0.3052λ   ,2dyne/cm1110 x 0.4362μ 

 ,2dyne/cm1110 x 2.220751λ   ,2dyne/cm1110 x 1.909301μ   ,3g/cm  2.15 ρ






 

Using all these data, the dimensional velocities of P-wave( 2

2


pc

) and SV-wave(
2

2


sc ) are 

calculated for different angles of propagation under different initial stress parameter( ). To 
avoid instability created by the compressive initial stress, the values of   have been taken 
within the range 0.6 (Dey  et al., 1998). The real parts of the values obtained from equation 
(19) give the phase velocities and imaginary parts give the corresponding damping in P and 
SV waves for an dissipative medium under initial stresses. In the case of  ζ=0, this gives the 
results for initial stress–free medium. The results of computations are presented in Figures. 2 
to 5.  Figure 2 shows the effect of initial compressive stresses on the velocity of propagation 
of longitudinal wave (P-wave). The velocity of longitudinal wave is clearly depends on the 
initial compressive stress present on the medium. The curves also, show that initial 
compressive stress increases the velocity of longitudinal wave and it is different at different 
direction of propagation. The velocity of propagation is independent of initial stresses at 

00  i.e., along the x- direction (direction of initial stress) and effect is more prominent 
along perpendicular direction.   
Figure 3 gives the variation of 2 2/SVC   with direction of propagation 0  for different values 
of initial stress parameter  . It is clear that from curves, the square of velocity of SV-wave is 
higher nearer to the y-direction and it goes on decreasing as the direction changes towards 
x-axis. It is also observed that phase velocity increases with an increase in initial stress 

 

parameter for any particular angle of incidence within the range 00 to 040  and reverse is the 
case within the range 040 to 090 approximately.  
Figures 4 and 5 give the variations of the square of damping velocities corresponding to 

PC and SVC , respectively. From Figure 4 it is seen that damping corresponding to PC  is 
minimum nearer to the y-direction and it goes on increasing as the direction changes 
towards x-axis, the damping velocity decreases with an increase in initial stress parameter 
for any particular angle of incidence within the range 00 to 040  and reverse is the case 
within the range 040 to 090 approximately.  
Figure 5 exhibits the variations of damping velocity corresponding to SVC  waves with 
direction of propagation for different values of initial stress parameter  . It is clear that the 
variations is just the reverse as discussed in the case of Figure 4. 
The reflection coefficients of various reflected waves are computed for a certain range of 
angle of incidence of P and SV for different values of the initial stress 
parameter )6.0  ,4.0  ,2.0  ,0.0(   to observe  the impact of initial stress at each angle of 
incidence. The variations of the reflection coefficients 3 1/A A { }PPR  and 4 1/A A  { }P SR  for the 
case of incident P-waves as the absolute values of the real parts of expressions (42) with the 
angle of incidence are shown graphically in Figures 6 and 7. The numbers shown in the 
curves of these figure denotes the reflection coefficients with initial stress parameter{1 
means 0.0  , 2 means 2.0  , 3 means 4.0    and  4 means 6.0  }. 
Figures. 6 and 7 show that when the incidence angle of P-wave 0

1 0e   (vertical incidence) 
there is no reflection of SV-wave and there only exists one reflected P-wave. And in the case 
of horizontal incidence ( 0

1 90e  ), there exist two reflected waves ( P-wave and SV-wave). 
From these figures it is observed that the reflection coefficients { }PPR  and { }PSR  increases 
with an increase in initial stress parameter for any particular angle of incidence within the 
range 00 to 045  and reverse is the case within the range 050  to 090 . The reflection coefficient 

PPR  has its maximum value near 0
1 25e   at the value of stress parameter 4.0  . And the 

reflection coefficient PSR of has its maximum value at normal  
incidence 0901e   at the absence of the initial stress )0.0 (  .    

The variations of the reflection coefficients 3 2/A A }{ PSR  and 4 2/A A  }{ SSR  for the case of 
incident SV-waves as the absolute values of the real parts of expressions (442) with the angle 
of incidence are shown graphically in Figures. 8 and 9. 
 From Figures. 8 and 9 we can see that for the incidence SV-wave 0PSR  and 1SSR  at  

incidence 0
2 0e   and 0

2 90e  . This means, for the vertical and horizontal incidence, there is 
only one reflected SV-wave. From these figures  it is observed that the reflection coefficients 

}{ SSR  and }{ SPR  decreases with an increase in initial stress parameter for any particular 

angle of incidence within the range 00 to 045  and reverse is the case within the range 050  
to 090  approximately. The reflection coefficient SPR  has its maximum value near 0

1 30e   at 
the absence of the initial stress )0.0 (  . The value of stress parameter 4.0  . And the 
reflection coefficient PSR of has its maximum value at normal incidence 0

1 90e   at the 
absence of the initial stress )0.0 (  . And the reflection coefficient SSR  has its maximum 
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4.2 Incident sv-waves  
In the case of incident SV-waves, 1 0A   and equation (40) becomes 
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Solving equation(44), we obtained the amplitude ratios in the form 
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System of equations (43) and (45) contain both real and imaginary parts. Real parts of 
expressions (43) and (45) allow one to determine the reflection coefficients of the reflected P 
and SV-waves at a given incident P and SV waves amplitudes, respectively. 

 
5. Numerical calculations and conclusions 
 

For the purpose of numerical computations, the following Physical constants are considered 
for the infinite medium as Aswan geological crustal structures given by Kebeasy et al.(1991):  
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105cm/s x 2.98 β   cm/s,510 x 5.3  α 

 ,2dyne/cm1110 x 0.3052λ   ,2dyne/cm1110 x 0.4362μ 

 ,2dyne/cm1110 x 2.220751λ   ,2dyne/cm1110 x 1.909301μ   ,3g/cm  2.15 ρ






 

Using all these data, the dimensional velocities of P-wave( 2

2


pc

) and SV-wave(
2

2


sc ) are 

calculated for different angles of propagation under different initial stress parameter( ). To 
avoid instability created by the compressive initial stress, the values of   have been taken 
within the range 0.6 (Dey  et al., 1998). The real parts of the values obtained from equation 
(19) give the phase velocities and imaginary parts give the corresponding damping in P and 
SV waves for an dissipative medium under initial stresses. In the case of  ζ=0, this gives the 
results for initial stress–free medium. The results of computations are presented in Figures. 2 
to 5.  Figure 2 shows the effect of initial compressive stresses on the velocity of propagation 
of longitudinal wave (P-wave). The velocity of longitudinal wave is clearly depends on the 
initial compressive stress present on the medium. The curves also, show that initial 
compressive stress increases the velocity of longitudinal wave and it is different at different 
direction of propagation. The velocity of propagation is independent of initial stresses at 

00  i.e., along the x- direction (direction of initial stress) and effect is more prominent 
along perpendicular direction.   
Figure 3 gives the variation of 2 2/SVC   with direction of propagation 0  for different values 
of initial stress parameter  . It is clear that from curves, the square of velocity of SV-wave is 
higher nearer to the y-direction and it goes on decreasing as the direction changes towards 
x-axis. It is also observed that phase velocity increases with an increase in initial stress 

 

parameter for any particular angle of incidence within the range 00 to 040  and reverse is the 
case within the range 040 to 090 approximately.  
Figures 4 and 5 give the variations of the square of damping velocities corresponding to 

PC and SVC , respectively. From Figure 4 it is seen that damping corresponding to PC  is 
minimum nearer to the y-direction and it goes on increasing as the direction changes 
towards x-axis, the damping velocity decreases with an increase in initial stress parameter 
for any particular angle of incidence within the range 00 to 040  and reverse is the case 
within the range 040 to 090 approximately.  
Figure 5 exhibits the variations of damping velocity corresponding to SVC  waves with 
direction of propagation for different values of initial stress parameter  . It is clear that the 
variations is just the reverse as discussed in the case of Figure 4. 
The reflection coefficients of various reflected waves are computed for a certain range of 
angle of incidence of P and SV for different values of the initial stress 
parameter )6.0  ,4.0  ,2.0  ,0.0(   to observe  the impact of initial stress at each angle of 
incidence. The variations of the reflection coefficients 3 1/A A { }PPR  and 4 1/A A  { }P SR  for the 
case of incident P-waves as the absolute values of the real parts of expressions (42) with the 
angle of incidence are shown graphically in Figures 6 and 7. The numbers shown in the 
curves of these figure denotes the reflection coefficients with initial stress parameter{1 
means 0.0  , 2 means 2.0  , 3 means 4.0    and  4 means 6.0  }. 
Figures. 6 and 7 show that when the incidence angle of P-wave 0

1 0e   (vertical incidence) 
there is no reflection of SV-wave and there only exists one reflected P-wave. And in the case 
of horizontal incidence ( 0

1 90e  ), there exist two reflected waves ( P-wave and SV-wave). 
From these figures it is observed that the reflection coefficients { }PPR  and { }PSR  increases 
with an increase in initial stress parameter for any particular angle of incidence within the 
range 00 to 045  and reverse is the case within the range 050  to 090 . The reflection coefficient 

PPR  has its maximum value near 0
1 25e   at the value of stress parameter 4.0  . And the 

reflection coefficient PSR of has its maximum value at normal  
incidence 0901e   at the absence of the initial stress )0.0 (  .    

The variations of the reflection coefficients 3 2/A A }{ PSR  and 4 2/A A  }{ SSR  for the case of 
incident SV-waves as the absolute values of the real parts of expressions (442) with the angle 
of incidence are shown graphically in Figures. 8 and 9. 
 From Figures. 8 and 9 we can see that for the incidence SV-wave 0PSR  and 1SSR  at  

incidence 0
2 0e   and 0

2 90e  . This means, for the vertical and horizontal incidence, there is 
only one reflected SV-wave. From these figures  it is observed that the reflection coefficients 

}{ SSR  and }{ SPR  decreases with an increase in initial stress parameter for any particular 

angle of incidence within the range 00 to 045  and reverse is the case within the range 050  
to 090  approximately. The reflection coefficient SPR  has its maximum value near 0

1 30e   at 
the absence of the initial stress )0.0 (  . The value of stress parameter 4.0  . And the 
reflection coefficient PSR of has its maximum value at normal incidence 0

1 90e   at the 
absence of the initial stress )0.0 (  . And the reflection coefficient SSR  has its maximum 
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value near 0
1 65e   at the value of stress parameter 4.0  . It is also observed from Figures 6 -9 

that the change of the reflection coefficients does not go smoothly, may due to the effect of  a 
dissipation of the medium.  

 
6. Conclusion 
 

From the above theoretical and numerical study, it can be concluded that both the velocities 
and reflection coefficients change with the initial stresses parameter. Also, It is observed that 
the damping of the medium has strong effect in the propagation of plane waves and 
reflection coefficients. Since every medium has damping so it is more realistic to take in 
account the dissipation of the medium instead of the non-dissipation  for the problem of 
reflection plane waves in the elastic medium. 
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Fig. 4. Variation of damping velocity of P-waves  with the direction of propagation   for 
different  values of initial stress parameter  . 
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Fig. 6. Variation of the reflection coefficient RPP  with the angle of incidence )( 1e  of P-

waves under  different  values of initial stress parameter  . 
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Fig. 7. Variation of the reflection coefficient RPS  with the angle of incidence )( 1e  of P-
waves under  different  values of initial stress parameter  . 
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Fig. 8. Variation of the reflection coefficient SPR  with the angle of incidence )( 2e  
of SV-waves under  different  values of initial stress parameter  . 
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Fig. 9. Variation of the reflection coefficient SSR  with the angle of incidence )( 2e   
of SV-waves under  different  values of initial stress parameter  . 
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1. Introduction 
 

In this chapter, precise geodetic observations are used to detect and to evaluate the 
deformation of the Earth’s surface in a local area with time. Soil deformations of very small 
magnitude can be evaluated and analysed. 
Precise geodetic levelling is used to measure the elevation of a certain number of points 
carefully selected for their precision, location and repartition, before and after the 
deformation. Gross errors are eliminated by statistical analyses and by comparing the 
heights within local neighbourhoods.  
In order to study the mechanical behaviour of the soil, it is considered as a mosaic of rigid 
blocks. Its mechanism is defined by the construction of the “Characteristic Straight Line 
Method” from precise geodetic observations. 
This method is convenient and permits to evaluate a soil deformation of very small 
magnitude even when the displacement is of an infinitesimal quantity. 
Geodetic levelling is a long-established technique used to measure elevation differences 
between successive bench marks and, by repeated surveys, to measure elevation changes 
(vertical displacements) as a function of time (Figure 1). Levelling has been used as a vertical 
geodetic measurement system long time ago, and has proved its utility at several 
metrological controls. 
Repeated measurements of height enable measurement of the Earth's surface deformation 
over time. Such deformation can occur gradually, such as by land subsidence due to 
groundwater or soil withdrawal, or by sudden geologic events such as earthquakes or 
landslides. The direction and tilt of the vertical deformation caused by an earthquake or any 
other event could be deduced from the elevation of points measured before and after the 
event.  
During geodetic levelling, a spirit level (or some other type of levelling instrument) and a 
pair of graduated levelling rods are used to measure the elevation differences between 
permanent bench marks by accumulating the elevation differences between a series of 
temporary turning points. The forward turning point (relative to the direction of the 
traverse) is called the foresight and the backward turning point is called the back sight 
(Allan, 1977) 
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Invar precision levelling staves are used in place of ordinary levelling staves. With parallel 
plate micrometers, readings up to 1/100000 of a meter can be taken accurately. The very 
high accuracy of precise levelling requires meticulous consideration of errors, which are 
theoretically predictable. A number of precautions must be taken while carrying out 
precision levelling. These are summarized as follows: 
• The verticality of the staff must be ensured. Due to strong wind it is always difficult to 

hold the staff vertical due to which the observed readings are erroneous. 
• Protection of the precise level from sun, wind, rain, etc... The sun causes a considerable 

trouble if it shines on the object glass. 
• Lengths of the back and fore sights are kept within 50 meters or less. 
• To avoid errors due to refraction caused by grazing rays, the levelling measurements 

must be carried out either in early morning or in late afternoons. 
• The instrument must be adjusted before observations. 
• Levelling of the instrument must be done carefully 
• Earth’s curvature and atmospheric refraction corrections must be performed 
The use of the “Characteristic Straight Line Method”, developed here, can be considered as an 
innovation in topometric control process and gives to it additional extent as a monitoring 
tool of high accuracy. 
The goals of the present chapter are as follows: 
1. Describe and illustrate the utility of the “Characteristic Straight Line Method”  in improving 

the accuracy of the topometric control for landslides monitoring 
2. Evaluate what we can expect of vertical topometric observations in the field of any 

landslide monitoring program.  
 

 
Fig. 1. Basic concept of topometric vertical control 

 
2. Why not Space Geodesy 
 

Space-based measurement systems, such as GPS (Global Positioning System) have put into 
the hands of the surveying community a powerful tool for the establishment of precise 
geodetic control surveys. Redundancy can provide proof of the precision to which a 
measurement is made. In order for this proof to be meaningful, the inclusion of possible 
error sources must not be systematically duplicated in the redundant measurements. 
Redundancy in a GPS survey is achieved primarily by way of a change in the relative 

 

geometry of the satellite constellation. This is easily visualized when one compares the 
dominance of the satellite geometry at a distance of 20,000 km. with the insignificant 
separation between typical project stations. For GPS surveys, the geometry of the satellite 
constellation must be different for repeat station observations in order to eliminate potential 
sources for systematic errors due to multipath, orbit bias, and unmodeled ionospheric and 
tropospheric delay. Even if the repeat station observation is made on another day, data must 
be collected at a different sidereal time in order to obtain a different satellite configuration. 
Redundant observations also provide additional verification of centring error. Two unique 
situations regarding redundant GPS observations deserve comment. First, with the 
abundance of satellites visible at any given time and the availability of all-in-view GPS 
receivers, the possibility exists to compute quasi-independent vectors from the same 
observation session. A quasi-independent vector would use a different sub-group of four or 
more satellites during the same occupation. This technique is not considered valid fulfilment 
of the repeat station observation or repeat baseline requirements. Second, the pseudo-static 
technique by definition necessitates repeat station occupations. This paired observation is 
defined as one station observation for the purposes of these specifications. However, three 
station occupations could provide two independent baseline solutions, providing that the 
above-stated minimum sidereal time difference separates the first and third observations. 
For all other types of GPS surveying methodology, each station occupation can provide one 
station observation. 
Each piece of equipment used during the survey to centre the antenna over the stations 
(tribrach, optical plummets, fixed-height rod, etc.) must be periodically tested, and if 
necessary, adjusted. The minimum test schedules are: 
1. For accuracy bands less than 0.020 meters, each centring devise must be tested within 30 
days prior to a survey commencement and within 10 days after completion of a survey. 
2. For accuracy bands greater than 0.020 meters, each centring devise must be tested within 
6 months prior to a survey's commencement and within 6 months after completion of a 
survey (Leick, 1993). 
The duration of any GPS observation session is a greatly variable quantity depending on: 

1. satellite associated errors (orbits, clock bias),  
2. signal propagation errors (ionospheric/ tropospheric delay),  
3. receiver associated errors (clock bias, antenna phase centre offsets/variations),  
4. station associated errors (surroundings, centring, signal multipath and diffraction),  
5. secondary effects (solid earth tides, ocean and atmospheric loading etc.),  
6. uncertainties in alignment to reference frames. 

GPS is 3D positioning method which determines coordinates in global geocentric orthogonal 
system (WGS-84). From practical reasons the global coordinates X, Y, Z are transformed into 
ellipsoidal coordinates , λ, h and eventually into local horizontal coordinates n, e, u. Finally, 
the ellipsoidal heights are transformed to orthometric or (quasi)geoidal heights. For this step 
the knowledge of (quasi)geoid undulations Ni is necessary, which are defined by: 
 

iii NHh   
 

where hi is ellipsoidal height, Hi is orthometric height, and Ni is geoidal undulation. The 
undulations can be determined in several ways using either absolute or relative methods. 
Geoidal surface is irregular and it is practically impossible to represent it by exact 
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Precise geodetic levelling using methods such as the “Characteristic Straight Line Method”, 
offers several distinct advantages over GPS and other geodetic means. The most important 
advantage is the ability to determine near-absolute vertical displacement with respect to a 
reference outside the deformation area. 
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The “Characteristic Straight Line Method” is very easy to use. It improves the accuracy of the 
topometric vertical control in landslide monitoring. This method describs mathematical and 
statistical structure of a dynamic deformation model. This model includes very precise 
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The “Characteristic Straight Line Method” can be described as follows:  
Consider two points A and B of the rigid block. One assumes that the inclination of the rigid 
block is happened around a horizon axes passing through A. The bearing of the blocks 
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The difference in altitude between the two ground points A and B is as follows: 
 

)1...(AB HHh   
 

Where HA is the altitude of point A and HB is the altitude of point B 
By differentiation: 
 

)2...(dI
S
dhdISdh   

 
Where S is the horizontal distance AB, I is the inclination of the direction AB counted positive if B is 
above A, negative otherwise. 

 

So, the ratio 
S
dh  is the variation of the inclination of the direction AB during the block 

movement. 
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So, the point H is the same for any couple of points (A,B) of the rigid block. 
In this way, all the points (A,B) on the diagram related to a same rigid block are aligned on 
the same straight line which we call the “Characteristic Straight Line” which could be 
constructed easily by using the quantities S and  which one can obtain from a convenient 
map, and the altitude variation dh after the landslide’s occurrence. This latest quantity is 
obtained by comparing the initial and the final vertical topometric observations. 
The “Characteristic Straight Line method” seems to be more easy to use than the “Characteristic 
Sinusoid Method”, but like it, this method provides immediately the characteristic parameters 
of the landslide dynamic: the direction and the tilt for each one the rigid blocks. 
The dynamic of a rigid block is fully determined by using three ground points at least (non-
aligned). The magnitude of the inclination ε equals the inverse of the distance OH, while the 
direction of the tilt is given by the bearing of the direction defined by OH. 

 
4. Practical Validation of the ìCharacteristic Straight Line Methodî. 
 

The “Characteristic Straight Line method” discussed here was tested by studying the landslide 
dynamic in an area located along the Amman- Jarash highway (Figure 3). The highway 
traverses an area of diverse geologic materials between Amman and Jarash (in Jordan). The 
rock units in the area have their characteristic weaknesses to weathering and erosion, 
ranging from chemical breakdown of some minerals in granitic rocks to weak shear zones 
that lead to instability of mountain-scale masses of rock. The types and abundance of 
landslides can be related to these characteristic weaknesses in the geologic units. The area 
has been the site of recurrent landslides and soil movement for more than 10 years. More 
exactly after the construction of Amman-Jarash highway. 
 

 
Fig. 3. The site of study (the arrow) 

 

The deteriorating effects of landslides are well known. They usually cause soil damage and 
road blockage, resulting in major repair and maintenance costs. Economic losses can be 
significant to an entire region if a main route is closed for an extended period. Besides the 
costs associated with landslide damage, some types of landslides pose a risk to the safety of 
the travelling public. None of these risks can be eliminated. If roads are to pass through 
regions where landslides are common, the highway will be exposed to the risk of slide 
damage. The consequences of landslide movement are related to the size and location of a 
landslide, and the amount and velocity of soil movement. Larger slides may displace part of 
a roadway, resulting in greater repair costs. Larger displacements also translate to greater 
repair costs. If large movements accumulate slowly, over years or decades, they may be a 
continuing maintenance problem where cracks are filled and the pavement re-levelled 
frequently. Large, rapid displacements of even small volumes of material may undermine 
the road or deposit material on the road sufficient to close (or partially close) the roadway. 
These smaller rapidly moving volume, slides are the most likely to pose a safety risk to the 
travelling public. Large and deep landslides are less likely to move rapidly or have 
significant displacement in any one episode of movement, but the rare rapid, large 
displacement of large landslides can have particularly severe consequences. Significant 
displacements of large and deep landslides may result in the roadway being closed for 
repair or, in the worst case, closed for long periods for reconstruction or rerouting. For the 
reasons mentioned above, it is primordial to study thoroughly these event and to determine 
with great precision their nature, types, sizes and the magnitudes of their displacements.  
In order to study the soil movement in the area of study, all the rigid blocks (rocks)  have 
been equipped with sufficient number of well defined ground points (at least 10 points per 
block). Complete levelling of the region occurred each summer and winter from 1997 to 
January 2008. The levelling surveys have been run to standards equal to those required for 
first-order, class 1 as set out by USA-based Federal Geodetic Control Committee (FGCC). 
The standard error for each elevation difference can be taken to be 0.5 mm. Levelling 
observations were corrected for rod scale and temperature, level collimation, and for 
atmospheric refraction and magnetic effects. Levelling surveys were not referenced to the 
national datum because we were only interested in monitoring relative elevation changes 
within the landslide region. 
The “characteristic straight line method” has been used for each one of the rigid blocks by 

reporting on a diagram the points (A,B) defined by the values 
dh

S  and the bearings  

previously defined. 
Table 1 illustrates the soil deformation in the area of study during the investigation’s period 
from 1997 to January 2008. 
Looking through the values shown in Table 1, it is possible to estimate the dynamic of the 
landslide. The major part of the blocks are moving slightly in the same direction. Some 
blocks show more dynamic in the movement than others depending on their mass and on 
the neighbouring trough. For certain blocks, the height changes were not big enough; it can 
be concluded that the proposed “Characteristic Straight Line Method” gives the same results as 
the “Characteristic Circle Method”. Both they could improve the accuracy of the precise 
vertical topometric control. It is clear that precise levelling based-on this method could be 
used for the study of the landslide dynamic of very small magnitude even when other 
means are insufficient for these purposes. 
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vertical topometric control. It is clear that precise levelling based-on this method could be 
used for the study of the landslide dynamic of very small magnitude even when other 
means are insufficient for these purposes. 
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blocks show more dynamic in the movement than others depending on their mass and on 
the neighbouring trough. For certain blocks, the height changes were not big enough; it can 
be concluded that the proposed “Characteristic Straight Line Method” gives the same results as 
the “Characteristic Circle Method”. Both they could improve the accuracy of the precise 
vertical topometric control. It is clear that precise levelling based-on this method could be 
used for the study of the landslide dynamic of very small magnitude even when other 
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Bloc number Bearing of the 
direction of tilt  

(in degrees) 

Tilt magnitude  
(in degrees) 

24 130 30 55 01 12 34 
25 132 54 52 02 31 00 
34 143 10 12 02 01 32 
35 179 35 16 01 52 21 
36 176 22 45 03 21 43 
44 115 55 14 04 50 52 
45 170 44 47 01 40 41 
46 173 14 23 00 53 23 
47 155 00 51 00 31 21 
54 156 37 54 01 11 55 
55 160 11 01 01 50 12 
56 158 36 11 02 32 16 
57 215 26 56 01 00 02 

Table 1. Values of the magnitude and direction of the tilt of each rigid block. This illustrates 
the landslide dynamic in the region of AlJuaidieh (Amman-Jarash Highway) within the 
period  1997 – January 2008 
 
Figure 4 shows the dynamic of the landslide in the area of study during the investigation 
period. By using topometric measurements elaborated before and after the events, and using 
field measurement of the bearings of the used ground points, a characteristic straight line 
has been constructed for each one of the moving blocks. The constructed diagram provides 
the blocks dynamics parameters: magnitude and orientation. From results illustrated in 
Figure 3 one can easily notice that very small soil movement could be precisely determined 
by using very simple techniques. 
 

 
Fig. 4. Terrain deformation. Magnitude and direction of the tilt of the rigid blocs 
forming the moving  terrain. Scale factor of the tilt magnitude is: 1cm = 1. The 
planimetric scale factor is 1cm: 50m. The Directions of tilts are calculated with 
respect to the north direction (Table 1)  

 

5. Conclusion 
 

The most general movement of the soil after a landslide looks like the movement of a mosaic 
of blocks. The dynamic of each one can be fully described by: two rotations: the first, around 
a horizontal axis (inclination), and the second around a vertical axis (horizontal rotation), 
and two translations: the first is horizontal and the second is vertical. 
The horizontal translations and rotations don’t affect the altitudes. They, therefore, can’t be 
predicted by levelling. In contrast, any inclination of the block modifies the relative altitudes 
of its points. So it can be detected by relative levelling interior to the block carried out before 
and after the movement.  
It is clear that if one knows the inclination of a block and the variation in altitude of at least 
one of its points, it is possible to determine the variation in altitude of all its points so as the 
variation of the its mean altitude. 
The “Characteristic Straight Line Method”, discussed here, can be considered as an 
innovation of the topometric monitoring in the field of landslide dynamics study.  
It could give the topometry a considerable extent to become a monitoring tool of very high 
accuracy. It permits the exploration and the accuracy improvement of these techniques. It 
permits to evaluate a soil deformation of very small magnitude even when the dynamic is of 
an infinitesimal quantity.  
The results of a test using a very interesting area where an important landslide land occurs 
show the advantages of the proposed method in terrain deformation control and 
monitoring. The results obtained here are very close to these obtained by using the 
“Characteristic Circle Method” knowing that this method is more easy to use and the 
“Characteristic Straight Line Method” permits to construct the diagram without any 
difficulties. 
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1. Introduction 
 

Enormous technical applications of micro and nanosciences have evolved as one of the most 
active interdisciplinary field of research and development during last two decades. The 
journey of scientific innovations in micro and nanoscale has just begun and yet plenty of 
rooms at the bottom remain to be explored. It is the imagination and vision of Nobel 
Laureate, Professor Richard Feynman that have been implemented in the field of micro and 
nanodevices. Micro and nanodevices can be widely used in aerospace, automotive, 
biotechnology, medicine, instrumentation, robotics manufacturing and many other 
applications. In coming decades, Micro-Electro-Mechanical-Systems (MEMS)/Nano-Electro 
Mechanical-Systems (NEMS) technology are going to become part of our daily life. MEMS 
refer to devices that have typical characteristic lengths lying between 1 µm and 1 mm that 
combine electrical and mechanical components. In this chapter, we will restrict our 
discussion to only microscale gas flows in continuum regime together with the application 
of wall-slip models and numerical methods that are commonly used in this field. The 
dynamics of fluids and their interaction with surfaces in microsystems are very much 
different from those in large-scale systems. In microsystems, the flow becomes granular for 
liquids and rarefied for gases, and the walls tend to move. Phenomena such as viscous 
heating, thermal creep, electro-kinetics, anomalous diffusion, and even quantum and 
chemical effects appear important. Design and optimization of effective micro and 
nanodevices require a deeper physical understanding of hydrodynamic and kinetic 
phenomena in single and multiphase flows in small dimensions. The material of the wall, 
the quality of the surface as well as the energy exchange in small dimensions play the 
crucial roles for microscale flow characteristics. Since surface to volume ratio of 
microstructures is very high surface effects dominate over volumetric effects. The local 
Knudsen number is a measure of the degree of rarefaction of gases encountered in MEMS 
devices. The popular methods for analyzing the fluid-flow and heat transfer characteristics 
of gases in microscale include the particulate method of Boltzmann equations, Direct 
Solution Monte Carlo (DSMC) and Burnett equation models. Several investigators have 
used the DSMC approach where the Knudsen number is very high involving high 
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1. Introduction 
 

Enormous technical applications of micro and nanosciences have evolved as one of the most 
active interdisciplinary field of research and development during last two decades. The 
journey of scientific innovations in micro and nanoscale has just begun and yet plenty of 
rooms at the bottom remain to be explored. It is the imagination and vision of Nobel 
Laureate, Professor Richard Feynman that have been implemented in the field of micro and 
nanodevices. Micro and nanodevices can be widely used in aerospace, automotive, 
biotechnology, medicine, instrumentation, robotics manufacturing and many other 
applications. In coming decades, Micro-Electro-Mechanical-Systems (MEMS)/Nano-Electro 
Mechanical-Systems (NEMS) technology are going to become part of our daily life. MEMS 
refer to devices that have typical characteristic lengths lying between 1 µm and 1 mm that 
combine electrical and mechanical components. In this chapter, we will restrict our 
discussion to only microscale gas flows in continuum regime together with the application 
of wall-slip models and numerical methods that are commonly used in this field. The 
dynamics of fluids and their interaction with surfaces in microsystems are very much 
different from those in large-scale systems. In microsystems, the flow becomes granular for 
liquids and rarefied for gases, and the walls tend to move. Phenomena such as viscous 
heating, thermal creep, electro-kinetics, anomalous diffusion, and even quantum and 
chemical effects appear important. Design and optimization of effective micro and 
nanodevices require a deeper physical understanding of hydrodynamic and kinetic 
phenomena in single and multiphase flows in small dimensions. The material of the wall, 
the quality of the surface as well as the energy exchange in small dimensions play the 
crucial roles for microscale flow characteristics. Since surface to volume ratio of 
microstructures is very high surface effects dominate over volumetric effects. The local 
Knudsen number is a measure of the degree of rarefaction of gases encountered in MEMS 
devices. The popular methods for analyzing the fluid-flow and heat transfer characteristics 
of gases in microscale include the particulate method of Boltzmann equations, Direct 
Solution Monte Carlo (DSMC) and Burnett equation models. Several investigators have 
used the DSMC approach where the Knudsen number is very high involving high 
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computation cost and time requirement. The standard continuum approach of considering 
the bulk of the fluid with no-slip wall conditions can no longer predict the momentum and 
heat transfer accurately in microdevices. Navier-Stokes simulations of gas flow in 
microdevices with wall-slip models have evolved as an alternative solution technique to 
treat this miniaturization effect in the slip flow regime. 
In section 2, we will briefly highlight the governing equations of fluid-flow with slip models 
and the applicability of the continuum approach. The following sections will provide the 
discussion on simulations of non-reactive and reactive compressible flows in microscale. In 
section 3, we will present the behavior of non-reactive fluid-flow and heat transfer in 
microchannels followed by the comparison of fluid-flow behavior in micronozzles and the 
conventional full-scale nozzles. The effect of miniaturization on flow separation pattern will 
also be addressed in this section. In section 4, we will illustrate few reactive flow studies in 
microchannels. Keeping in view the useful application of shock waves at microscale we will 
demonstrate the studies of shock-wave attenuation in microchannels in section 5. Finally, 
the results will be summarized in section 6 and concluding remarks will be provided as the 
basis of future work in this area. 

 
2. Flow Regimes and Models 
 

Knudsen number is defined as the ratio of microscopic length scales (mean free path) and 
characteristic length of the physical domain. This is the key factor determining the gas flow 
regimes. The effect of miniaturization in microscale gas flows can be attributed to 
rarefaction, giving rise to strong analogy between low-pressure flows and microscale flows. 
Based on the ratio of Mach number and Reynolds number, the Knudsen number can also be 
interpreted as  

Kn   2 M
Re

 
 

(1) 
 
where   is the ratio of specific heats. Equation (1) relates rarefaction effects to 
compressibility and viscous effects through Mach and Reynolds numbers respectively. As 
Knudsen number increases, the rarefaction effects become more and more pronounced and 
eventually the continuum assumption breaks down. Traditionally, gas flows are divided 
into four regimes as i) Kn 103 : continuum regime, ii) 103  Kn 101: slip regime, iii) 
101  Kn 10 : transitional and iv) Kn 10: free-molecular regimes.  
The effect of wall in microdimension is of utmost importance which plays crucial role in 
microscale gas flows affecting the momentum and energy transfer. Classical continuum 
regime is essentially governed by compressible Navier-Stokes equations with conventional 
boundary conditions. On the other hand, in slip flow regime, Knudsen layer (zone of non-
equilibrium near the wall) must be taken into account with modified velocity slip and 
temperature jump at the wall. The continuum approach is thus applicable taking sufficient 
precautions using appropriate slip models. Most of the Microsystems using gases as 
working fluid fall in slip flow regime or early transition regime (M. Gad-el-Hak, 1999; 
Karniadakis & Beskok, 2002). Solution of Navier-Stokes equations with wall-slip models 
thus evolved as relatively cheaper choice compared to DSMC and Burnett equation models 
in terms of computational costs and complexity.  

 

Compressible Navier-Stokes system of equations with Newtonian stress tensor, Fourier law 
of thermal diffusion, Fick’s law of mass diffusion and calorically perfect/thermally perfect 
gas/ gas-mixture behavior are usually assumed as governing equations for defining 
compressible fluid flow. The validity of these assumptions is widely accepted and has been 
addressed by many authors in standard books and literature. Specifically, in the following 
section, we wish to emphasize on the modified slip boundary conditions applicable in 
accordance with the continuum approach.  

 
2.1 Wall-Slip Models 
In microscale gas-flows, the interaction of the fluid molecules with the surface material 
(chemical affinity) plays an important role. Momentum and energy transfer can thus be 
correlated to the interaction of impinging gas molecules to the surface of the wall material. 
On the basis of kinetic theory, Maxwell postulated and proved the existence of wall-slip. In 
order to formulate the velocity slip, Maxwell considered details of momentum transfer 
mechanism of the molecules and the wall, introducing TMAC (Tangential Momentum 
Accommodation Coefficient,  v ). This lies between zero (no momentum transfer to the wall) 
and unity (gas molecules transmit entire tangential momentum to the wall) representing 
specular and diffusive reflection. Later Smoluchowski in 1898 experimentally confirmed the 
hypothesis of Poisson to define the temperature jump corresponding to velocity slip at the 
wall containing thermal accommodation coefficient T . Detail discussions about 
accommodation coefficients have been reported in Gad-el-Hak, (1999); Karniadakis, (2000) 
and Arkilic et al., (2001). In most of the numerical simulations, it is usual practice to set 
accommodation coefficients to unity. It is really a tremendous challenge to get the desired 
accuracy to measure the precise mass flux experimentally with imposed pressure gradients. 
Arkilic et al., (2001) experimentally determined sub-unity TMACs for nitrogen, argon and 
carbon dioxide in contact with single-crystal silicon. Ewart et al., (2007) reported their recent 
experimental determination of TMAC based on mass flow measurements. Based on findings 
of Porodonov et al., (1974); Arkilic et al., (1997b); Maurer et al., (2003); Colin et al., (2004) and 
Ewart et al., (2007), it can be summarized that TMAC lies between 0.81-0.981 for nitrogen, 
0.7-0.942 for argon and 0.895-0.986 for helium. Suitable sub-unity values of the TMAC thus 
can be utilized in numerical simulations. Maxwell’s first order velocity slip with thermal 
creep and corresponding temperature jump relation can be written as: 
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computation cost and time requirement. The standard continuum approach of considering 
the bulk of the fluid with no-slip wall conditions can no longer predict the momentum and 
heat transfer accurately in microdevices. Navier-Stokes simulations of gas flow in 
microdevices with wall-slip models have evolved as an alternative solution technique to 
treat this miniaturization effect in the slip flow regime. 
In section 2, we will briefly highlight the governing equations of fluid-flow with slip models 
and the applicability of the continuum approach. The following sections will provide the 
discussion on simulations of non-reactive and reactive compressible flows in microscale. In 
section 3, we will present the behavior of non-reactive fluid-flow and heat transfer in 
microchannels followed by the comparison of fluid-flow behavior in micronozzles and the 
conventional full-scale nozzles. The effect of miniaturization on flow separation pattern will 
also be addressed in this section. In section 4, we will illustrate few reactive flow studies in 
microchannels. Keeping in view the useful application of shock waves at microscale we will 
demonstrate the studies of shock-wave attenuation in microchannels in section 5. Finally, 
the results will be summarized in section 6 and concluding remarks will be provided as the 
basis of future work in this area. 
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regimes. The effect of miniaturization in microscale gas flows can be attributed to 
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interpreted as  
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thus evolved as relatively cheaper choice compared to DSMC and Burnett equation models 
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Compressible Navier-Stokes system of equations with Newtonian stress tensor, Fourier law 
of thermal diffusion, Fick’s law of mass diffusion and calorically perfect/thermally perfect 
gas/ gas-mixture behavior are usually assumed as governing equations for defining 
compressible fluid flow. The validity of these assumptions is widely accepted and has been 
addressed by many authors in standard books and literature. Specifically, in the following 
section, we wish to emphasize on the modified slip boundary conditions applicable in 
accordance with the continuum approach.  

 
2.1 Wall-Slip Models 
In microscale gas-flows, the interaction of the fluid molecules with the surface material 
(chemical affinity) plays an important role. Momentum and energy transfer can thus be 
correlated to the interaction of impinging gas molecules to the surface of the wall material. 
On the basis of kinetic theory, Maxwell postulated and proved the existence of wall-slip. In 
order to formulate the velocity slip, Maxwell considered details of momentum transfer 
mechanism of the molecules and the wall, introducing TMAC (Tangential Momentum 
Accommodation Coefficient,  v ). This lies between zero (no momentum transfer to the wall) 
and unity (gas molecules transmit entire tangential momentum to the wall) representing 
specular and diffusive reflection. Later Smoluchowski in 1898 experimentally confirmed the 
hypothesis of Poisson to define the temperature jump corresponding to velocity slip at the 
wall containing thermal accommodation coefficient T . Detail discussions about 
accommodation coefficients have been reported in Gad-el-Hak, (1999); Karniadakis, (2000) 
and Arkilic et al., (2001). In most of the numerical simulations, it is usual practice to set 
accommodation coefficients to unity. It is really a tremendous challenge to get the desired 
accuracy to measure the precise mass flux experimentally with imposed pressure gradients. 
Arkilic et al., (2001) experimentally determined sub-unity TMACs for nitrogen, argon and 
carbon dioxide in contact with single-crystal silicon. Ewart et al., (2007) reported their recent 
experimental determination of TMAC based on mass flow measurements. Based on findings 
of Porodonov et al., (1974); Arkilic et al., (1997b); Maurer et al., (2003); Colin et al., (2004) and 
Ewart et al., (2007), it can be summarized that TMAC lies between 0.81-0.981 for nitrogen, 
0.7-0.942 for argon and 0.895-0.986 for helium. Suitable sub-unity values of the TMAC thus 
can be utilized in numerical simulations. Maxwell’s first order velocity slip with thermal 
creep and corresponding temperature jump relation can be written as: 
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computation cost and time requirement. The standard continuum approach of considering 
the bulk of the fluid with no-slip wall conditions can no longer predict the momentum and 
heat transfer accurately in microdevices. Navier-Stokes simulations of gas flow in 
microdevices with wall-slip models have evolved as an alternative solution technique to 
treat this miniaturization effect in the slip flow regime. 
In section 2, we will briefly highlight the governing equations of fluid-flow with slip models 
and the applicability of the continuum approach. The following sections will provide the 
discussion on simulations of non-reactive and reactive compressible flows in microscale. In 
section 3, we will present the behavior of non-reactive fluid-flow and heat transfer in 
microchannels followed by the comparison of fluid-flow behavior in micronozzles and the 
conventional full-scale nozzles. The effect of miniaturization on flow separation pattern will 
also be addressed in this section. In section 4, we will illustrate few reactive flow studies in 
microchannels. Keeping in view the useful application of shock waves at microscale we will 
demonstrate the studies of shock-wave attenuation in microchannels in section 5. Finally, 
the results will be summarized in section 6 and concluding remarks will be provided as the 
basis of future work in this area. 
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Knudsen number is defined as the ratio of microscopic length scales (mean free path) and 
characteristic length of the physical domain. This is the key factor determining the gas flow 
regimes. The effect of miniaturization in microscale gas flows can be attributed to 
rarefaction, giving rise to strong analogy between low-pressure flows and microscale flows. 
Based on the ratio of Mach number and Reynolds number, the Knudsen number can also be 
interpreted as  
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compressibility and viscous effects through Mach and Reynolds numbers respectively. As 
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into four regimes as i) Kn 103 : continuum regime, ii) 103  Kn 101: slip regime, iii) 
101  Kn 10 : transitional and iv) Kn 10: free-molecular regimes.  
The effect of wall in microdimension is of utmost importance which plays crucial role in 
microscale gas flows affecting the momentum and energy transfer. Classical continuum 
regime is essentially governed by compressible Navier-Stokes equations with conventional 
boundary conditions. On the other hand, in slip flow regime, Knudsen layer (zone of non-
equilibrium near the wall) must be taken into account with modified velocity slip and 
temperature jump at the wall. The continuum approach is thus applicable taking sufficient 
precautions using appropriate slip models. Most of the Microsystems using gases as 
working fluid fall in slip flow regime or early transition regime (M. Gad-el-Hak, 1999; 
Karniadakis & Beskok, 2002). Solution of Navier-Stokes equations with wall-slip models 
thus evolved as relatively cheaper choice compared to DSMC and Burnett equation models 
in terms of computational costs and complexity.  

 

Compressible Navier-Stokes system of equations with Newtonian stress tensor, Fourier law 
of thermal diffusion, Fick’s law of mass diffusion and calorically perfect/thermally perfect 
gas/ gas-mixture behavior are usually assumed as governing equations for defining 
compressible fluid flow. The validity of these assumptions is widely accepted and has been 
addressed by many authors in standard books and literature. Specifically, in the following 
section, we wish to emphasize on the modified slip boundary conditions applicable in 
accordance with the continuum approach.  

 
2.1 Wall-Slip Models 
In microscale gas-flows, the interaction of the fluid molecules with the surface material 
(chemical affinity) plays an important role. Momentum and energy transfer can thus be 
correlated to the interaction of impinging gas molecules to the surface of the wall material. 
On the basis of kinetic theory, Maxwell postulated and proved the existence of wall-slip. In 
order to formulate the velocity slip, Maxwell considered details of momentum transfer 
mechanism of the molecules and the wall, introducing TMAC (Tangential Momentum 
Accommodation Coefficient,  v ). This lies between zero (no momentum transfer to the wall) 
and unity (gas molecules transmit entire tangential momentum to the wall) representing 
specular and diffusive reflection. Later Smoluchowski in 1898 experimentally confirmed the 
hypothesis of Poisson to define the temperature jump corresponding to velocity slip at the 
wall containing thermal accommodation coefficient T . Detail discussions about 
accommodation coefficients have been reported in Gad-el-Hak, (1999); Karniadakis, (2000) 
and Arkilic et al., (2001). In most of the numerical simulations, it is usual practice to set 
accommodation coefficients to unity. It is really a tremendous challenge to get the desired 
accuracy to measure the precise mass flux experimentally with imposed pressure gradients. 
Arkilic et al., (2001) experimentally determined sub-unity TMACs for nitrogen, argon and 
carbon dioxide in contact with single-crystal silicon. Ewart et al., (2007) reported their recent 
experimental determination of TMAC based on mass flow measurements. Based on findings 
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Ewart et al., (2007), it can be summarized that TMAC lies between 0.81-0.981 for nitrogen, 
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computation cost and time requirement. The standard continuum approach of considering 
the bulk of the fluid with no-slip wall conditions can no longer predict the momentum and 
heat transfer accurately in microdevices. Navier-Stokes simulations of gas flow in 
microdevices with wall-slip models have evolved as an alternative solution technique to 
treat this miniaturization effect in the slip flow regime. 
In section 2, we will briefly highlight the governing equations of fluid-flow with slip models 
and the applicability of the continuum approach. The following sections will provide the 
discussion on simulations of non-reactive and reactive compressible flows in microscale. In 
section 3, we will present the behavior of non-reactive fluid-flow and heat transfer in 
microchannels followed by the comparison of fluid-flow behavior in micronozzles and the 
conventional full-scale nozzles. The effect of miniaturization on flow separation pattern will 
also be addressed in this section. In section 4, we will illustrate few reactive flow studies in 
microchannels. Keeping in view the useful application of shock waves at microscale we will 
demonstrate the studies of shock-wave attenuation in microchannels in section 5. Finally, 
the results will be summarized in section 6 and concluding remarks will be provided as the 
basis of future work in this area. 
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regimes. The effect of miniaturization in microscale gas flows can be attributed to 
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(chemical affinity) plays an important role. Momentum and energy transfer can thus be 
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and unity (gas molecules transmit entire tangential momentum to the wall) representing 
specular and diffusive reflection. Later Smoluchowski in 1898 experimentally confirmed the 
hypothesis of Poisson to define the temperature jump corresponding to velocity slip at the 
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and Arkilic et al., (2001). In most of the numerical simulations, it is usual practice to set 
accommodation coefficients to unity. It is really a tremendous challenge to get the desired 
accuracy to measure the precise mass flux experimentally with imposed pressure gradients. 
Arkilic et al., (2001) experimentally determined sub-unity TMACs for nitrogen, argon and 
carbon dioxide in contact with single-crystal silicon. Ewart et al., (2007) reported their recent 
experimental determination of TMAC based on mass flow measurements. Based on findings 
of Porodonov et al., (1974); Arkilic et al., (1997b); Maurer et al., (2003); Colin et al., (2004) and 
Ewart et al., (2007), it can be summarized that TMAC lies between 0.81-0.981 for nitrogen, 
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Significant discrepancies have been observed between experimental data and DSMC 
calculations based on first order slip models, for Knudsen number greater than 0.1. Several 
authors have proposed higher-order boundary conditions to extend the validity of the slip-
flow regime. In non-dimensional form, the generalized second-order slip velocity relation 
(Sreekanth, 1969) can be expressed as:  
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The tabulated coefficients i , used by various researchers for the above general equation, are 
reported in Colin, (2005). Nevertheless, the implementation of higher-order boundary 
conditions of this form is particularly difficult. The recent work of Dongari et al., (2007) has 
dealt with analytical solution of Navier–Stokes equations using second-order slip model for 
isothermal gas flow in long microchannel. The change in curvature of pressure versus the 
streamwise direction has been reported and the presence of Knudsen’s minima has also 
been correctly predicted by their developed theory.  
In recent studies, implementation of the first-order slip boundary conditions on various 
reacting and non-reacting test-cases has been carried out after the successful validation of 
the developed explicit Navier-Stokes solver. We have utilized robust shock capturing 
schemes including AUSM (Advection Upwind Splitting Methods, Liou & Steffen, 1993) and 
subsequent modified version of these schemes as well as high-order WENO (Weighted-
Essentially Non-Oscillatory) schemes (Jiang & Shu, 1996) for convective flux calculations 
and central differencing discretization of diffusive fluxes. Usually, choice of shock capturing 
schemes is essential to deal with flow discontinuities over  a wide range of Mach number. 
Detail of these schemes is well known to computational community and widely available in 
literature. In this chapter, we will mainly focus on the physics of the microscale thermal-
fluid behavior setting aside the details of the numerical tools. 

 
3. Fluid Flow and Heat Transfer in Microchannels and Micronozzles 
 

3.1 Microchannels 
Microchannels are currently being used in many areas such as those of medicine, 
biotechnology, avionics, telecommunications, metrology, computer technology, office 
equipment, home appliances, environment protection etc. Experimental investigations of 
flow and heat transfer through microchannels of various cross sectional geometries have 
been carried out by many researchers, (Wu & Little, 1984; Pafler et al., 1990; Choi et al., 1991; 
Pong et al., 1994; Liu et al., 1995; Harley et al., 1995; Yu et al., 1995; Shih et al., 1996; Bayt & 
Breuer, 1998), mainly by focusing on the measurements of pressure drop and bulk fluid 
temperatures at the channel ends. Numerous discrepancies have been encountered 
compared to the macroscale behavior. In the review of Papautsky et al., (2001), it is reported 
that the data of the slip-flow gas indicate an approximate 60% reduction in friction factor 
compared to macroscale theory for a single-phase laminar flow. Rostami et al., (2002) made 
a detail review of the aforementioned experimental findings along with the numerical 
findings of Beskok et al., (1996); Arkilic et al., (1997) and several other contributors. For 
microchannels and microtubes, Reynolds analogy and Colburn analogy were found invalid 

 

(Wu & Little, 1984; Choi et al., 1991). Relatively recent experimental work of Celata et al., 
(2007) reported the determination of local friction factor (tube diameters ranging from 30 -
254 µm) for helium taking compressibility effects into account. Their findings are in close 
agreement with incompressible and quasi-incompressible correlations. The existence of 
nonlinear pressure drop across the channel for higher-Knudsen number flows and 
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Significant discrepancies have been observed between experimental data and DSMC 
calculations based on first order slip models, for Knudsen number greater than 0.1. Several 
authors have proposed higher-order boundary conditions to extend the validity of the slip-
flow regime. In non-dimensional form, the generalized second-order slip velocity relation 
(Sreekanth, 1969) can be expressed as:  
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The tabulated coefficients i , used by various researchers for the above general equation, are 
reported in Colin, (2005). Nevertheless, the implementation of higher-order boundary 
conditions of this form is particularly difficult. The recent work of Dongari et al., (2007) has 
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Essentially Non-Oscillatory) schemes (Jiang & Shu, 1996) for convective flux calculations 
and central differencing discretization of diffusive fluxes. Usually, choice of shock capturing 
schemes is essential to deal with flow discontinuities over  a wide range of Mach number. 
Detail of these schemes is well known to computational community and widely available in 
literature. In this chapter, we will mainly focus on the physics of the microscale thermal-
fluid behavior setting aside the details of the numerical tools. 
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that the data of the slip-flow gas indicate an approximate 60% reduction in friction factor 
compared to macroscale theory for a single-phase laminar flow. Rostami et al., (2002) made 
a detail review of the aforementioned experimental findings along with the numerical 
findings of Beskok et al., (1996); Arkilic et al., (1997) and several other contributors. For 
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The study of microchannel flow is partly in response to the need of thermal control in the 
operation of MEMS. Yan & Farouk, (2002) investigated high Knudsen number low-speed 
flow through partially heated parallel plates using DSMC. Chaudhuri et al., (2007b) studied 
the effects of Knudsen number and gas species at atmospheric pressure levels using similar 
configuration for partially heated microchannel (resembling classical Graetz problem). The 
dominant molecular diffusion and nonlinear pressure distribution for higher Knudsen 
number are found to be similar for both rarefied (Yan and Farouk, 2002) and microscale 
behavior.  
In comparison to experimental and numerical studies of subsonic flow inside 
microchannels, studies on flow-thermal characteristics in high-speed flows are not 
abundantly found in literature. Liou & Fang, (2001) reported that the magnitude of the 
temperature jump at the wall increases with increasing Knudsen number. The heat transfer 
at the isothermal wall is found to increase significantly with Knudsen number. Raju & Roy, 
(2005) investigated the heat transfer characteristics of high-speed compressible flows and 
compared DSMC results of Liou & Fang, (2001) with their finite element simulations. 
Chaudhuri et al., (2007a) compared finite volume simulation with results of the DSMC (Liou 
& Fang, 2001; Le & Hassan, 2006) and FEM results (Raju & Roy, 2005) for inlet Mach number 
4.15. Acceptable agreement has been achieved in terms of detached bow shock patterns and 
flow field inside the microchannel (Figure 3.1.2). Chaudhuri et al. further extended 
hypothetical test-cases with higher inlet Mach number (hypersonic). The jump in near wall 
temperature appeared higher for higher inlet Mach numbers (Figure 3.1.2). Position of fully 
developed thermal boundary-layer shifted further downstream with increasing inlet Mach 
number.  
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Fig. 3.1.2. Comparison of Mach number and temperature distribution (streamwise) for high-
speed gas flow through microchannels with inlet Knudsen number 0.062. 

 

3.2 Micronozzles 
Variety of aerospace missions and application systems have been benefited from micro- 
engineering technology due to reduced size, mass and power requirements (Janson et al., 
1999). Among them, micropropulsion devices provide an active field of applied research. 
Electrical and chemical microthrusters are developing in recent years in order to fulfil the 
required design and fabrication of microspacecraft with high accuracy. The main application 
of the microthruster is the micropropulsion system for microsatellites weighing typically 20 
to 100 kg or nanosatellites typically less than 20 kg. Among the propulsion systems which 
use MEMS technology or hybrid technology for the miniaturization are the cold gas 
thrusters, the subliming solid thrusters, the field emission electric propulsion (FEEP), or the 
hall-effect thrusters. Unique thrust requirements have initiated the need for optimal design 
and fabrication concept for a MEMS-based microthruster. Due to the inherent complexity of 
the fluid dynamics in the micrometer scale, experimental and numerical studies were 
proposed for better understanding of the flow properties and optimal design (Kujawa et al., 
2003). The performance of a micropropulsion system is primarily determined by the 
performance of micronozzles. The nozzle converts the stored energy in a pressurized gas 
into kinetic energy through an expansion. The nozzle efficiency is characterized by the 
amount of kinetic energy leaving the nozzle, and is governed by the exit Mach number. 
Many experimental and numerical studies were carried out on microthruster/micronozzle 
behavior for varying geometries and propellants. Bayt et al., (1997) experimentally and 
numerically studied a micron scale Laval nozzle. For the numerical study, they used a 2-D 
finite volume NS solver. Bayt, (1999) fabricated an extruded 2-D converging-diverging 
nozzle with minimum throat widths averaging 19 µm and 35 µm etched by deep reactive 
ion-etching. Their experiment reveals that supersonic flow can be achieved in contoured 
micronozzles (outlet Mach number 3.8 for expansion nozzle ratio of 17) for micropropulsion 
systems. Reed, (2003) carried out experiments on planar micronozzles for nitrogen and 
helium flows under ambient temperature to study the nozzle performance with different 
exit to throat aspect ratios. Lewis, (2000) dealt with design and fabrication of initial 
prototypes of microthruster chips. From relatively more recent work of Chen et al., (2005), it 
can be realized that thrust is not only a function of pressure difference but also depends on 
the flow history for miniature nozzles. In spite of existence of discrepancies on thrust and 
mass flow measurements among the theoretical and experimental findings the following 
points can be summarized for mini/microscale nozzle behavior (Rossi et al., 2000; Rossi et 
al., 2001; Hammel, 2002; Alexeenko et al., 2002; Hao et al., 2005; Liu et al., 2006; Moríñigo et 
al., 2007; Xu & Zhao, 2007; Lin & Gadepalli, 2008). (1) Applicability of slip models in 
DSMC/NS solutions is valid in slip flow regimes for successful prediction of micronozzle 
flow behavior. (2) Precise low thrust in the order of mN to µN can be produced for 
micropropulsion systems. (3) There exists shock free supersonic flow in the diverging 
section compared to conventional nozzle under similar constraints. In addition, the sonic 
point usually appears further downstream of the throat location. (4) Flow-separation with 
high expansion ratio decreases with decreasing the nozzle size.  
In our previous work (Chaudhuri et al., 2006), numerical results for flow through 
microthruster are compared with the 1-D numerical study by Rossi et al. (2000), and 2D 
FEM results by Raju & Roy, (2002) as a no-slip benchmark problem predicting essential 2-D 
features of the fluid-flow inside the micronozzle. In this section, we will present three test-
cases with different outlet pressure (65 kPa, 55, kPa and 10 kPa) to investigate the internal 
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compared DSMC results of Liou & Fang, (2001) with their finite element simulations. 
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4.15. Acceptable agreement has been achieved in terms of detached bow shock patterns and 
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Fig. 3.1.2. Comparison of Mach number and temperature distribution (streamwise) for high-
speed gas flow through microchannels with inlet Knudsen number 0.062. 
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nozzle with minimum throat widths averaging 19 µm and 35 µm etched by deep reactive 
ion-etching. Their experiment reveals that supersonic flow can be achieved in contoured 
micronozzles (outlet Mach number 3.8 for expansion nozzle ratio of 17) for micropropulsion 
systems. Reed, (2003) carried out experiments on planar micronozzles for nitrogen and 
helium flows under ambient temperature to study the nozzle performance with different 
exit to throat aspect ratios. Lewis, (2000) dealt with design and fabrication of initial 
prototypes of microthruster chips. From relatively more recent work of Chen et al., (2005), it 
can be realized that thrust is not only a function of pressure difference but also depends on 
the flow history for miniature nozzles. In spite of existence of discrepancies on thrust and 
mass flow measurements among the theoretical and experimental findings the following 
points can be summarized for mini/microscale nozzle behavior (Rossi et al., 2000; Rossi et 
al., 2001; Hammel, 2002; Alexeenko et al., 2002; Hao et al., 2005; Liu et al., 2006; Moríñigo et 
al., 2007; Xu & Zhao, 2007; Lin & Gadepalli, 2008). (1) Applicability of slip models in 
DSMC/NS solutions is valid in slip flow regimes for successful prediction of micronozzle 
flow behavior. (2) Precise low thrust in the order of mN to µN can be produced for 
micropropulsion systems. (3) There exists shock free supersonic flow in the diverging 
section compared to conventional nozzle under similar constraints. In addition, the sonic 
point usually appears further downstream of the throat location. (4) Flow-separation with 
high expansion ratio decreases with decreasing the nozzle size.  
In our previous work (Chaudhuri et al., 2006), numerical results for flow through 
microthruster are compared with the 1-D numerical study by Rossi et al. (2000), and 2D 
FEM results by Raju & Roy, (2002) as a no-slip benchmark problem predicting essential 2-D 
features of the fluid-flow inside the micronozzle. In this section, we will present three test-
cases with different outlet pressure (65 kPa, 55, kPa and 10 kPa) to investigate the internal 
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The study of microchannel flow is partly in response to the need of thermal control in the 
operation of MEMS. Yan & Farouk, (2002) investigated high Knudsen number low-speed 
flow through partially heated parallel plates using DSMC. Chaudhuri et al., (2007b) studied 
the effects of Knudsen number and gas species at atmospheric pressure levels using similar 
configuration for partially heated microchannel (resembling classical Graetz problem). The 
dominant molecular diffusion and nonlinear pressure distribution for higher Knudsen 
number are found to be similar for both rarefied (Yan and Farouk, 2002) and microscale 
behavior.  
In comparison to experimental and numerical studies of subsonic flow inside 
microchannels, studies on flow-thermal characteristics in high-speed flows are not 
abundantly found in literature. Liou & Fang, (2001) reported that the magnitude of the 
temperature jump at the wall increases with increasing Knudsen number. The heat transfer 
at the isothermal wall is found to increase significantly with Knudsen number. Raju & Roy, 
(2005) investigated the heat transfer characteristics of high-speed compressible flows and 
compared DSMC results of Liou & Fang, (2001) with their finite element simulations. 
Chaudhuri et al., (2007a) compared finite volume simulation with results of the DSMC (Liou 
& Fang, 2001; Le & Hassan, 2006) and FEM results (Raju & Roy, 2005) for inlet Mach number 
4.15. Acceptable agreement has been achieved in terms of detached bow shock patterns and 
flow field inside the microchannel (Figure 3.1.2). Chaudhuri et al. further extended 
hypothetical test-cases with higher inlet Mach number (hypersonic). The jump in near wall 
temperature appeared higher for higher inlet Mach numbers (Figure 3.1.2). Position of fully 
developed thermal boundary-layer shifted further downstream with increasing inlet Mach 
number.  
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Fig. 3.1.2. Comparison of Mach number and temperature distribution (streamwise) for high-
speed gas flow through microchannels with inlet Knudsen number 0.062. 
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flow behavior. (2) Precise low thrust in the order of mN to µN can be produced for 
micropropulsion systems. (3) There exists shock free supersonic flow in the diverging 
section compared to conventional nozzle under similar constraints. In addition, the sonic 
point usually appears further downstream of the throat location. (4) Flow-separation with 
high expansion ratio decreases with decreasing the nozzle size.  
In our previous work (Chaudhuri et al., 2006), numerical results for flow through 
microthruster are compared with the 1-D numerical study by Rossi et al. (2000), and 2D 
FEM results by Raju & Roy, (2002) as a no-slip benchmark problem predicting essential 2-D 
features of the fluid-flow inside the micronozzle. In this section, we will present three test-
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The study of microchannel flow is partly in response to the need of thermal control in the 
operation of MEMS. Yan & Farouk, (2002) investigated high Knudsen number low-speed 
flow through partially heated parallel plates using DSMC. Chaudhuri et al., (2007b) studied 
the effects of Knudsen number and gas species at atmospheric pressure levels using similar 
configuration for partially heated microchannel (resembling classical Graetz problem). The 
dominant molecular diffusion and nonlinear pressure distribution for higher Knudsen 
number are found to be similar for both rarefied (Yan and Farouk, 2002) and microscale 
behavior.  
In comparison to experimental and numerical studies of subsonic flow inside 
microchannels, studies on flow-thermal characteristics in high-speed flows are not 
abundantly found in literature. Liou & Fang, (2001) reported that the magnitude of the 
temperature jump at the wall increases with increasing Knudsen number. The heat transfer 
at the isothermal wall is found to increase significantly with Knudsen number. Raju & Roy, 
(2005) investigated the heat transfer characteristics of high-speed compressible flows and 
compared DSMC results of Liou & Fang, (2001) with their finite element simulations. 
Chaudhuri et al., (2007a) compared finite volume simulation with results of the DSMC (Liou 
& Fang, 2001; Le & Hassan, 2006) and FEM results (Raju & Roy, 2005) for inlet Mach number 
4.15. Acceptable agreement has been achieved in terms of detached bow shock patterns and 
flow field inside the microchannel (Figure 3.1.2). Chaudhuri et al. further extended 
hypothetical test-cases with higher inlet Mach number (hypersonic). The jump in near wall 
temperature appeared higher for higher inlet Mach numbers (Figure 3.1.2). Position of fully 
developed thermal boundary-layer shifted further downstream with increasing inlet Mach 
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Fig. 3.1.2. Comparison of Mach number and temperature distribution (streamwise) for high-
speed gas flow through microchannels with inlet Knudsen number 0.062. 
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performance of micronozzles. The nozzle converts the stored energy in a pressurized gas 
into kinetic energy through an expansion. The nozzle efficiency is characterized by the 
amount of kinetic energy leaving the nozzle, and is governed by the exit Mach number. 
Many experimental and numerical studies were carried out on microthruster/micronozzle 
behavior for varying geometries and propellants. Bayt et al., (1997) experimentally and 
numerically studied a micron scale Laval nozzle. For the numerical study, they used a 2-D 
finite volume NS solver. Bayt, (1999) fabricated an extruded 2-D converging-diverging 
nozzle with minimum throat widths averaging 19 µm and 35 µm etched by deep reactive 
ion-etching. Their experiment reveals that supersonic flow can be achieved in contoured 
micronozzles (outlet Mach number 3.8 for expansion nozzle ratio of 17) for micropropulsion 
systems. Reed, (2003) carried out experiments on planar micronozzles for nitrogen and 
helium flows under ambient temperature to study the nozzle performance with different 
exit to throat aspect ratios. Lewis, (2000) dealt with design and fabrication of initial 
prototypes of microthruster chips. From relatively more recent work of Chen et al., (2005), it 
can be realized that thrust is not only a function of pressure difference but also depends on 
the flow history for miniature nozzles. In spite of existence of discrepancies on thrust and 
mass flow measurements among the theoretical and experimental findings the following 
points can be summarized for mini/microscale nozzle behavior (Rossi et al., 2000; Rossi et 
al., 2001; Hammel, 2002; Alexeenko et al., 2002; Hao et al., 2005; Liu et al., 2006; Moríñigo et 
al., 2007; Xu & Zhao, 2007; Lin & Gadepalli, 2008). (1) Applicability of slip models in 
DSMC/NS solutions is valid in slip flow regimes for successful prediction of micronozzle 
flow behavior. (2) Precise low thrust in the order of mN to µN can be produced for 
micropropulsion systems. (3) There exists shock free supersonic flow in the diverging 
section compared to conventional nozzle under similar constraints. In addition, the sonic 
point usually appears further downstream of the throat location. (4) Flow-separation with 
high expansion ratio decreases with decreasing the nozzle size.  
In our previous work (Chaudhuri et al., 2006), numerical results for flow through 
microthruster are compared with the 1-D numerical study by Rossi et al. (2000), and 2D 
FEM results by Raju & Roy, (2002) as a no-slip benchmark problem predicting essential 2-D 
features of the fluid-flow inside the micronozzle. In this section, we will present three test-
cases with different outlet pressure (65 kPa, 55, kPa and 10 kPa) to investigate the internal 
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micronozzle flow having the same inlet pressure of 100 kPa. Figure 3.2.1 shows the 
schematic of the nozzle configuration. The effect of the nozzle size with different scales is 
also studied for outlet pressure of 10 kPa. It can be seen from Figure 3.2.2 that the flow 
inside the micronozzle remains entirely subsonic for outlet pressure 65 kPa. When the outlet 
pressure is kept 55 kPa, (Fig 3.2.2) the first sonic point appears further downstream of the 
throat. The existence of the shock free supersonic zone with gradual dissipation to subsonic 
flow is also predicted by the simulation and is similar to the findings of Hao et al., (2005). 
On the other hand, the fully supersonic flow is observed downstream of the throat (Figure 
3.2.3) for outlet pressure of 10 kPa. 
 

 
Fig. 3.2.1 Schematic of micronozzle, dimensions are in µm 
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Fig. 3.2.2. Centreline Mach distribution, case: 65kPa (left), case: 55kPa (right) 
 
The dominant surface-to-volume ratio effect drastically changes the flow field in microscale 
compared to the normal-scale nozzles. Hao et al., (2005) reported the presence of shock 
wave in a larger nozzle (1000 times). The higher temperature at the throat is correlated to the 
lower value of the Mach number at the micronozzle throat (Hao et al., 2005). It is evident 
from Figure 3.2.2 that both AUSM+ and AUSMPW predict the essential flow characteristics 
with similar level of accuracy. Figure 3.2.3 illustrates the effect of size on the micronozzle 
flow. Five different micronozzles with throat dimension 4 µm, 8 µm, 20 µm, 100 µm and 200 
µm are further studied in this work (varying scales with geometrical similarity). The outlet 
Mach number increases with the increase of nozzle scale and the position of sonic point 
moves away from the throat towards the outlet of the nozzle with the decrease in size of the 
micronozzle. The predicted exit Mach numbers with no-slip condition are 2.02, 1.91, 1.57, 1.2 

 

and 1.001 for nozzle throat sizes of 200 µm, 100 µm, 20 µm, 8 µm and 4 µm respectively. Hao 
et al., (2005) measured pressures at two different positions near the throat of the 
micronozzle having 20 µm throat dimension. The Knudsen number for 65 kPa, 55 kPa and 
10 kPa in this dimension marginally falls in the slip flow regime. The results are in good 
agreement with experimental data of Hao et al., (2005). From Figure 3.2.4, it can be seen that 
while decreasing the dimension of nozzle throat, the deviation between the two solutions 
(with and without slip boundary conditions) becomes more and more prominent. This is in 
accordance with the increase in Knudsen number varying from 0.002 to 0.034 in smaller 
dimensions. Recent numerical investigations of San et al., (2009) on the same configuration 
revealed similar results which is in accordance with the above presented findings. 
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Fig. 3.2.3. Comparison of centreline Mach distribution (left), centreline non-dimensional 
pressure distribution (right) case: 10 kPa with varying scale of the nozzle by AUSM+ 
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Fig. 3.2.4. Comparison of slip/no-slip conditions, Case: 10 kPa by AUSM+ 
 
 

Numerical Simulations of Microscale Gas Flows: Continuum Approach 129

 

micronozzle flow having the same inlet pressure of 100 kPa. Figure 3.2.1 shows the 
schematic of the nozzle configuration. The effect of the nozzle size with different scales is 
also studied for outlet pressure of 10 kPa. It can be seen from Figure 3.2.2 that the flow 
inside the micronozzle remains entirely subsonic for outlet pressure 65 kPa. When the outlet 
pressure is kept 55 kPa, (Fig 3.2.2) the first sonic point appears further downstream of the 
throat. The existence of the shock free supersonic zone with gradual dissipation to subsonic 
flow is also predicted by the simulation and is similar to the findings of Hao et al., (2005). 
On the other hand, the fully supersonic flow is observed downstream of the throat (Figure 
3.2.3) for outlet pressure of 10 kPa. 
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Fig. 3.2.2. Centreline Mach distribution, case: 65kPa (left), case: 55kPa (right) 
 
The dominant surface-to-volume ratio effect drastically changes the flow field in microscale 
compared to the normal-scale nozzles. Hao et al., (2005) reported the presence of shock 
wave in a larger nozzle (1000 times). The higher temperature at the throat is correlated to the 
lower value of the Mach number at the micronozzle throat (Hao et al., 2005). It is evident 
from Figure 3.2.2 that both AUSM+ and AUSMPW predict the essential flow characteristics 
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micronozzle. The predicted exit Mach numbers with no-slip condition are 2.02, 1.91, 1.57, 1.2 
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et al., (2005) measured pressures at two different positions near the throat of the 
micronozzle having 20 µm throat dimension. The Knudsen number for 65 kPa, 55 kPa and 
10 kPa in this dimension marginally falls in the slip flow regime. The results are in good 
agreement with experimental data of Hao et al., (2005). From Figure 3.2.4, it can be seen that 
while decreasing the dimension of nozzle throat, the deviation between the two solutions 
(with and without slip boundary conditions) becomes more and more prominent. This is in 
accordance with the increase in Knudsen number varying from 0.002 to 0.034 in smaller 
dimensions. Recent numerical investigations of San et al., (2009) on the same configuration 
revealed similar results which is in accordance with the above presented findings. 
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micronozzle flow having the same inlet pressure of 100 kPa. Figure 3.2.1 shows the 
schematic of the nozzle configuration. The effect of the nozzle size with different scales is 
also studied for outlet pressure of 10 kPa. It can be seen from Figure 3.2.2 that the flow 
inside the micronozzle remains entirely subsonic for outlet pressure 65 kPa. When the outlet 
pressure is kept 55 kPa, (Fig 3.2.2) the first sonic point appears further downstream of the 
throat. The existence of the shock free supersonic zone with gradual dissipation to subsonic 
flow is also predicted by the simulation and is similar to the findings of Hao et al., (2005). 
On the other hand, the fully supersonic flow is observed downstream of the throat (Figure 
3.2.3) for outlet pressure of 10 kPa. 
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Fig. 3.2.2. Centreline Mach distribution, case: 65kPa (left), case: 55kPa (right) 
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micronozzle flow having the same inlet pressure of 100 kPa. Figure 3.2.1 shows the 
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Fig. 3.2.1 Schematic of micronozzle, dimensions are in µm 
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Fig. 3.2.2. Centreline Mach distribution, case: 65kPa (left), case: 55kPa (right) 
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3.3 Flow Separation in Microscale 
In previous sub-sections, we have discussed thermal flow characteristics in straight 
microchannels and subsequently, the behavior of micronozzles with variable cross sectional 
areas. It can be noted that often bends or curvatures are unavoidable in microsystems. 
Studies of flow separation and related heat-loss in microscale are thus in need of more 
experimental measurements as well as numerical predictions to quantify the physics of the 
phenomena. Studies of thermal microflow with bends, cavities and separation flows over 
backward-facing steps as well as in micro-mixing systems are important for microfluidic 
devices. Literatures regarding these areas are inadequate till now. Microchannels with three 
different bend configurations (integrated with pressure sensors) have been fabricated and 
characterized by Lee et al., (2001). Their measurements of both mass-flow rate and pressure 
reveal that secondary flows can exist in microchannels with miter-bends, whereas fully 
attached flow occurs for curved and double turn bends. Yu et al., (2005) studied 
experimentally several microchannels (of l-2 µm height) with cavities. They concluded that 
fully attached flow occurs for low Reynolds number similar to microchannel flows with 
fewer cavities. Rawool et al., (2005) studied numerically flow through microchannels with 
obstructions placed along the channels walls. They reported that recirculation zones are 
created downstream of these obstructions and the skin friction increases nonlinearly with 
the increase in obstruction height and decreases nonlinearly with the increase in Reynolds 
number. Xue & Chen, (2003) conducted numerical simulations of backward-facing step 
flows for various Knudsen numbers from the slip to transition flow regimes. It has been 
shown that flow separation, recirculation, and reattachment disappear for Knudsen number 
greater than 0.1. The movements of molecule with mean free paths larger than the 
backward-facing step dominate the flow behavior. 
 

 
Fig. 3.3.1. Schematic of flow geometry for flow-separation at microscale 
 
Chaudhuri et al., (2008) studied numerically the pressure driven flow through trapezoidal 
cavity configuration and confirmed the effect of miniaturization on gas flow-separation. 
Figure 3.3.1 shows the schematic of the flow geometry taken for this study (pressure driven 
air flow with ratio of inlet to outlet pressure equals to 1.26). Results for three test cases (case 
1: H=5 µm, case 2: H=0.5 µm and case 3: H=50 µm) have been presented for demonstration. 
It can be seen, from Figure 3.3.2, that under similar conditions, flow separation does not 
occur for case 2 (highest Knudsen number) and flow remains fully attached. On the other 
hand, flow-separation appears most pronounced for case 3 with largest dimension while 
case 1 shows intermediate behavior. As expected, effect of slip conditions has been found 
negligible for case 3.  
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Microcombustors, microburners and microactuators, for instance, are the critical power 
components in MEMS devices. Many experimental techniques, developed for macroscale 
combustion devices, cannot be directly applied to study microcombustion due to the 
miniaturization effect. Micropower systems for application in portable electronics, 
microsensors, and other platforms are often the limiting components in terms of both size 
and performance. Many micropower systems require a high-temperature reservoir in the 
form of a combustor. Usually microcombustors can be categorized as (1) homogeneous gas-
phase combustors and (2) heterogeneous catalytic combustors. Gas-phase microcombustors 
are limited by residence time constraints that can be quantified in terms of the Damköhler 
number. Performance of catalytic microcombustors is typically limited by diffusion of fuel 
species to the active surface as governed by the Peclet number. Miniaturization of the 
conventional reactor incurs high thermal losses and radical depletion on the wall which 
significantly affect the combustion behavior. Two of the most prominent questions are 
related to the lower limit of the combustor size and the combustion efficiency. Flow 
distributions of the reaction mixture are also very important factors for microreactor 
performance. Depending on geometry, composition, and flow rate, methane/air flames are 
typically quenched for dimensions less than 1–2 mm (Davy, 1817; Maekawa, 1975; Ono & 
Wakuri, 1977; Fukuda et al., 1981; Lewis & von Elbe, 1987; Linan & Williams, 1993). 
Although flame propagation at microscale is feasible, the interplay of kinetics and transport 
in flame stability and combustion characteristics of these systems are not yet well 
understood (Norton & Vlachos, 2003). In microscale, combustion can be advantageous due 
to possible faster ignition leading to reduced NOx production. 
 

 
Fig. 3.3.2. Velocity vector plot for different test cases 
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Size constraint enhances the difficulty of systematic experimental investigations in 
microreactors. Undoubtedly, numerical simulations are indispensable for studying flow in 
microcombustors. Lee & Kwon, (2002) developed a theoretical model to simulate the flame 
propagation with non-negligible heat-loss to the wall in a closed vessel (chamber height 
ranging from 0.61 to 3.0 mm). Preheating or higher initial pressure of the combustible 
mixture of gases inside the combustor were found to be capable of increasing the 
combustion efficiency as well as the thermal efficiency of a power device. Many studies on 
the characterisation of microflames and stability flame regimes have been reported in the 
literature (Norton & Vlachos, 2003; Norton & Vlachos, 2004; Miesse et al., 2004; Li et al., 
2005a; Yuasa et al., 2005; Shaurya et al. 2007). Federici & Vlachos, (2008) studied the stability 
of a premixed C3H8/air microflame in a heat recirculation reactor (HRR) and compared it 
with a single-channel microcombustor. In their scale analysis, Li et al., (2004) reported a 
relation between the hydrogen flame-temperature in a laminar microcombustor (radii of 3, 4 
and 6 mm) and the external wall surface temperature where detailed reaction mechanisms 
were involved. Leach et al. (2006) presented an analytical model for the prediction of heat-
exchange effects within the structure of a micro-channel combustor, and heat-loss from the 
structure to the environment. Yang et al., (2002) tested different cylindrical microcombustors 
(2–3 mm diameter). The designed combustors of 2-3 mm diameter with backward facing 
step were found to be very effective in controlling the position of the flame and widening 
the range of operation based on the inlet flow velocity as well as H2/air ratio. Later, Li et al., 
(2005b) investigated the effects of step height and external wall temperature on the structure 
of hydrogen–air flame. Numerical results showed that the external wall temperature 
increases drastically with decreasing the step height keeping unchanged the axial flame 
temperature.  
Understanding the behavior of flame propagation with deflagration-to-detonation transition 
(DDT) in microchannels is typically important for the design of micropropulsion and micro 
power systems. Ott et al., (2003) predicted mechanism of laminar flame acceleration of air-
acetylene system in narrow channel. Gamezo & Oran, (2006) extended the work of flame 
acceleration to micropropulsion application. Chaudhuri et al., (2007d) studied the 
phenomenon of flame acceleration of premixed combustible air-acetylene mixture towards 
the open end of an adiabatic microchannel by solving Navier-Stokes (NS) system of 
equations with single-step chemistry model. The length (L: y axis) and height (H: z axis) of 
the 2-D microchannel are 1cm and 600 µm respectively with left-end closed and right-end 
open. The flame has been initiated by a planar discontinuity in temperature and density 
located at 366 µm from the closed end. Burned and unburned gases are specified on the left 
and the right of the discontinuity respectively. The chemical reactions of air-acetylene 
mixture are considered using a single-step first-order kinetic model similar to that of Ott et 
al., (2003); Gamezo & Oran, (2006). The initial conditions and other physical and chemical 
parameters taken are similar to those presented in (Ott et al., 2003; Gamezo & Oran, 2006). 
Owing to the symmetry of the physical domain, only half of the domain has been simulated. 
Symmetry and adiabatic wall conditions are applied accordingly. The position of the flame 
is defined as the location where the flame-front reaches the temperature of 1000K. Figure 4.1 
depicts flame positions near the wall as well as at the centreline. It is evident from Figure 4.2 
that the centerline flame velocity increases with time while reaching the end of the 
microchannel. Also, as shown in Figure 4.3, the transverse velocity component increases at 
the end of the microchannel as the flow evolves. The maximum outflow velocity reaches ≈ 

 

138 m/s. Figure 4.4 shows the product mass fraction and streamwise velocity contours 
respectively at 0.000195s. The boundary layer growth and burning of boundary layer 
material clearly reveal the phenomenon of flame acceleration in microchannel. Gamezo & 
Oran, (2006) concluded that the maximum flame acceleration occurs when the channel 
height (640 µm) is about five times larger than the reaction zone of a laminar flame. Flame 
acceleration in microchannel close to this aspect ratio has been studied. The developed 
solver is capable of predicting the mechanism of flame acceleration, flame propagation and 
maximum outflow velocities. Results are in good agreement with the conclusion drawn by 
Gamezo & Oran, (2006) related to the maximum flame acceleration configuration of the 
adiabatic microchannel. 
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A detailed review on the application of micro-structured reactors for heterogeneous 
catalyzed gaseous phase reactions has been presented by Kolb & Hessel, (2004). Lee et al., 
(2002) proposed the concept of a MEMS scale reciprocating device powered by burnt gas 
and fabricated its prototype to investigate the applicability of the concept in a microscale 
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relation between the hydrogen flame-temperature in a laminar microcombustor (radii of 3, 4 
and 6 mm) and the external wall surface temperature where detailed reaction mechanisms 
were involved. Leach et al. (2006) presented an analytical model for the prediction of heat-
exchange effects within the structure of a micro-channel combustor, and heat-loss from the 
structure to the environment. Yang et al., (2002) tested different cylindrical microcombustors 
(2–3 mm diameter). The designed combustors of 2-3 mm diameter with backward facing 
step were found to be very effective in controlling the position of the flame and widening 
the range of operation based on the inlet flow velocity as well as H2/air ratio. Later, Li et al., 
(2005b) investigated the effects of step height and external wall temperature on the structure 
of hydrogen–air flame. Numerical results showed that the external wall temperature 
increases drastically with decreasing the step height keeping unchanged the axial flame 
temperature.  
Understanding the behavior of flame propagation with deflagration-to-detonation transition 
(DDT) in microchannels is typically important for the design of micropropulsion and micro 
power systems. Ott et al., (2003) predicted mechanism of laminar flame acceleration of air-
acetylene system in narrow channel. Gamezo & Oran, (2006) extended the work of flame 
acceleration to micropropulsion application. Chaudhuri et al., (2007d) studied the 
phenomenon of flame acceleration of premixed combustible air-acetylene mixture towards 
the open end of an adiabatic microchannel by solving Navier-Stokes (NS) system of 
equations with single-step chemistry model. The length (L: y axis) and height (H: z axis) of 
the 2-D microchannel are 1cm and 600 µm respectively with left-end closed and right-end 
open. The flame has been initiated by a planar discontinuity in temperature and density 
located at 366 µm from the closed end. Burned and unburned gases are specified on the left 
and the right of the discontinuity respectively. The chemical reactions of air-acetylene 
mixture are considered using a single-step first-order kinetic model similar to that of Ott et 
al., (2003); Gamezo & Oran, (2006). The initial conditions and other physical and chemical 
parameters taken are similar to those presented in (Ott et al., 2003; Gamezo & Oran, 2006). 
Owing to the symmetry of the physical domain, only half of the domain has been simulated. 
Symmetry and adiabatic wall conditions are applied accordingly. The position of the flame 
is defined as the location where the flame-front reaches the temperature of 1000K. Figure 4.1 
depicts flame positions near the wall as well as at the centreline. It is evident from Figure 4.2 
that the centerline flame velocity increases with time while reaching the end of the 
microchannel. Also, as shown in Figure 4.3, the transverse velocity component increases at 
the end of the microchannel as the flow evolves. The maximum outflow velocity reaches ≈ 

 

138 m/s. Figure 4.4 shows the product mass fraction and streamwise velocity contours 
respectively at 0.000195s. The boundary layer growth and burning of boundary layer 
material clearly reveal the phenomenon of flame acceleration in microchannel. Gamezo & 
Oran, (2006) concluded that the maximum flame acceleration occurs when the channel 
height (640 µm) is about five times larger than the reaction zone of a laminar flame. Flame 
acceleration in microchannel close to this aspect ratio has been studied. The developed 
solver is capable of predicting the mechanism of flame acceleration, flame propagation and 
maximum outflow velocities. Results are in good agreement with the conclusion drawn by 
Gamezo & Oran, (2006) related to the maximum flame acceleration configuration of the 
adiabatic microchannel. 
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A detailed review on the application of micro-structured reactors for heterogeneous 
catalyzed gaseous phase reactions has been presented by Kolb & Hessel, (2004). Lee et al., 
(2002) proposed the concept of a MEMS scale reciprocating device powered by burnt gas 
and fabricated its prototype to investigate the applicability of the concept in a microscale 
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Size constraint enhances the difficulty of systematic experimental investigations in 
microreactors. Undoubtedly, numerical simulations are indispensable for studying flow in 
microcombustors. Lee & Kwon, (2002) developed a theoretical model to simulate the flame 
propagation with non-negligible heat-loss to the wall in a closed vessel (chamber height 
ranging from 0.61 to 3.0 mm). Preheating or higher initial pressure of the combustible 
mixture of gases inside the combustor were found to be capable of increasing the 
combustion efficiency as well as the thermal efficiency of a power device. Many studies on 
the characterisation of microflames and stability flame regimes have been reported in the 
literature (Norton & Vlachos, 2003; Norton & Vlachos, 2004; Miesse et al., 2004; Li et al., 
2005a; Yuasa et al., 2005; Shaurya et al. 2007). Federici & Vlachos, (2008) studied the stability 
of a premixed C3H8/air microflame in a heat recirculation reactor (HRR) and compared it 
with a single-channel microcombustor. In their scale analysis, Li et al., (2004) reported a 
relation between the hydrogen flame-temperature in a laminar microcombustor (radii of 3, 4 
and 6 mm) and the external wall surface temperature where detailed reaction mechanisms 
were involved. Leach et al. (2006) presented an analytical model for the prediction of heat-
exchange effects within the structure of a micro-channel combustor, and heat-loss from the 
structure to the environment. Yang et al., (2002) tested different cylindrical microcombustors 
(2–3 mm diameter). The designed combustors of 2-3 mm diameter with backward facing 
step were found to be very effective in controlling the position of the flame and widening 
the range of operation based on the inlet flow velocity as well as H2/air ratio. Later, Li et al., 
(2005b) investigated the effects of step height and external wall temperature on the structure 
of hydrogen–air flame. Numerical results showed that the external wall temperature 
increases drastically with decreasing the step height keeping unchanged the axial flame 
temperature.  
Understanding the behavior of flame propagation with deflagration-to-detonation transition 
(DDT) in microchannels is typically important for the design of micropropulsion and micro 
power systems. Ott et al., (2003) predicted mechanism of laminar flame acceleration of air-
acetylene system in narrow channel. Gamezo & Oran, (2006) extended the work of flame 
acceleration to micropropulsion application. Chaudhuri et al., (2007d) studied the 
phenomenon of flame acceleration of premixed combustible air-acetylene mixture towards 
the open end of an adiabatic microchannel by solving Navier-Stokes (NS) system of 
equations with single-step chemistry model. The length (L: y axis) and height (H: z axis) of 
the 2-D microchannel are 1cm and 600 µm respectively with left-end closed and right-end 
open. The flame has been initiated by a planar discontinuity in temperature and density 
located at 366 µm from the closed end. Burned and unburned gases are specified on the left 
and the right of the discontinuity respectively. The chemical reactions of air-acetylene 
mixture are considered using a single-step first-order kinetic model similar to that of Ott et 
al., (2003); Gamezo & Oran, (2006). The initial conditions and other physical and chemical 
parameters taken are similar to those presented in (Ott et al., 2003; Gamezo & Oran, 2006). 
Owing to the symmetry of the physical domain, only half of the domain has been simulated. 
Symmetry and adiabatic wall conditions are applied accordingly. The position of the flame 
is defined as the location where the flame-front reaches the temperature of 1000K. Figure 4.1 
depicts flame positions near the wall as well as at the centreline. It is evident from Figure 4.2 
that the centerline flame velocity increases with time while reaching the end of the 
microchannel. Also, as shown in Figure 4.3, the transverse velocity component increases at 
the end of the microchannel as the flow evolves. The maximum outflow velocity reaches ≈ 

 

138 m/s. Figure 4.4 shows the product mass fraction and streamwise velocity contours 
respectively at 0.000195s. The boundary layer growth and burning of boundary layer 
material clearly reveal the phenomenon of flame acceleration in microchannel. Gamezo & 
Oran, (2006) concluded that the maximum flame acceleration occurs when the channel 
height (640 µm) is about five times larger than the reaction zone of a laminar flame. Flame 
acceleration in microchannel close to this aspect ratio has been studied. The developed 
solver is capable of predicting the mechanism of flame acceleration, flame propagation and 
maximum outflow velocities. Results are in good agreement with the conclusion drawn by 
Gamezo & Oran, (2006) related to the maximum flame acceleration configuration of the 
adiabatic microchannel. 
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A detailed review on the application of micro-structured reactors for heterogeneous 
catalyzed gaseous phase reactions has been presented by Kolb & Hessel, (2004). Lee et al., 
(2002) proposed the concept of a MEMS scale reciprocating device powered by burnt gas 
and fabricated its prototype to investigate the applicability of the concept in a microscale 
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Size constraint enhances the difficulty of systematic experimental investigations in 
microreactors. Undoubtedly, numerical simulations are indispensable for studying flow in 
microcombustors. Lee & Kwon, (2002) developed a theoretical model to simulate the flame 
propagation with non-negligible heat-loss to the wall in a closed vessel (chamber height 
ranging from 0.61 to 3.0 mm). Preheating or higher initial pressure of the combustible 
mixture of gases inside the combustor were found to be capable of increasing the 
combustion efficiency as well as the thermal efficiency of a power device. Many studies on 
the characterisation of microflames and stability flame regimes have been reported in the 
literature (Norton & Vlachos, 2003; Norton & Vlachos, 2004; Miesse et al., 2004; Li et al., 
2005a; Yuasa et al., 2005; Shaurya et al. 2007). Federici & Vlachos, (2008) studied the stability 
of a premixed C3H8/air microflame in a heat recirculation reactor (HRR) and compared it 
with a single-channel microcombustor. In their scale analysis, Li et al., (2004) reported a 
relation between the hydrogen flame-temperature in a laminar microcombustor (radii of 3, 4 
and 6 mm) and the external wall surface temperature where detailed reaction mechanisms 
were involved. Leach et al. (2006) presented an analytical model for the prediction of heat-
exchange effects within the structure of a micro-channel combustor, and heat-loss from the 
structure to the environment. Yang et al., (2002) tested different cylindrical microcombustors 
(2–3 mm diameter). The designed combustors of 2-3 mm diameter with backward facing 
step were found to be very effective in controlling the position of the flame and widening 
the range of operation based on the inlet flow velocity as well as H2/air ratio. Later, Li et al., 
(2005b) investigated the effects of step height and external wall temperature on the structure 
of hydrogen–air flame. Numerical results showed that the external wall temperature 
increases drastically with decreasing the step height keeping unchanged the axial flame 
temperature.  
Understanding the behavior of flame propagation with deflagration-to-detonation transition 
(DDT) in microchannels is typically important for the design of micropropulsion and micro 
power systems. Ott et al., (2003) predicted mechanism of laminar flame acceleration of air-
acetylene system in narrow channel. Gamezo & Oran, (2006) extended the work of flame 
acceleration to micropropulsion application. Chaudhuri et al., (2007d) studied the 
phenomenon of flame acceleration of premixed combustible air-acetylene mixture towards 
the open end of an adiabatic microchannel by solving Navier-Stokes (NS) system of 
equations with single-step chemistry model. The length (L: y axis) and height (H: z axis) of 
the 2-D microchannel are 1cm and 600 µm respectively with left-end closed and right-end 
open. The flame has been initiated by a planar discontinuity in temperature and density 
located at 366 µm from the closed end. Burned and unburned gases are specified on the left 
and the right of the discontinuity respectively. The chemical reactions of air-acetylene 
mixture are considered using a single-step first-order kinetic model similar to that of Ott et 
al., (2003); Gamezo & Oran, (2006). The initial conditions and other physical and chemical 
parameters taken are similar to those presented in (Ott et al., 2003; Gamezo & Oran, 2006). 
Owing to the symmetry of the physical domain, only half of the domain has been simulated. 
Symmetry and adiabatic wall conditions are applied accordingly. The position of the flame 
is defined as the location where the flame-front reaches the temperature of 1000K. Figure 4.1 
depicts flame positions near the wall as well as at the centreline. It is evident from Figure 4.2 
that the centerline flame velocity increases with time while reaching the end of the 
microchannel. Also, as shown in Figure 4.3, the transverse velocity component increases at 
the end of the microchannel as the flow evolves. The maximum outflow velocity reaches ≈ 

 

138 m/s. Figure 4.4 shows the product mass fraction and streamwise velocity contours 
respectively at 0.000195s. The boundary layer growth and burning of boundary layer 
material clearly reveal the phenomenon of flame acceleration in microchannel. Gamezo & 
Oran, (2006) concluded that the maximum flame acceleration occurs when the channel 
height (640 µm) is about five times larger than the reaction zone of a laminar flame. Flame 
acceleration in microchannel close to this aspect ratio has been studied. The developed 
solver is capable of predicting the mechanism of flame acceleration, flame propagation and 
maximum outflow velocities. Results are in good agreement with the conclusion drawn by 
Gamezo & Oran, (2006) related to the maximum flame acceleration configuration of the 
adiabatic microchannel. 
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A detailed review on the application of micro-structured reactors for heterogeneous 
catalyzed gaseous phase reactions has been presented by Kolb & Hessel, (2004). Lee et al., 
(2002) proposed the concept of a MEMS scale reciprocating device powered by burnt gas 
and fabricated its prototype to investigate the applicability of the concept in a microscale 
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power generator. Maruta et al., (2002) studied the extinction limits of self-sustaining 
methane-fueled combustion on platinum catalyst in non-adiabatic microscale flow reactor 
channels. Boyarko et al., (2005) experimentally studied fuel rich gaseous hydrogen and 
oxygen on catalytically active surfaces within 0.4 and 0.8 mm internal diameter microtubes. 
Good agreement with a plug flow model prediction of detailed gas-phase chemistry and 
surface kinetics has been reported. Schwarz et al., (2009) showed that microstructured 
reactors are well suited for application in strongly exothermic heterogeneous catalyzed 
gaseous phase reactions since they involve isothermal reactions over a wide range of 
concentrations and temperatures. Xu & Ju, (2004) developed a slip model for species to 
consider the rarefied gas effect at the boundary in microscale reactors and nanoscale 
structures. However, no further supporting studies are available for this slip model.  
 

 
 

Fig. 4.4 Product mass fraction contour (top) and velocity contour (bottom) at t: 0.000195 sec 
 
Apart from the studies of flame characteristics in microdimensions, viscous and diffusion 
effects on the propagation of supersonic combustion waves in microchannels have yet to be 
studied and understood. Kivotides, (2007) analysed the propagation of detonation waves in 
channels of height 10 μm to illustrate the viscous effects on detonation characteristics. 
Motivated by our previous studies of strong heat release in high-speed microchannel flows, 
the possibilities of reacting flows at microscale have been further investigated (Chaudhuri et 
al., 2007c). For this purpose, a stoichiometric air-acetylene mixture is considered at 
hypersonic speed (M=8) in three different microchannels having 10 mm length and different 
heights (60 μm, 80 μm 200 μm for cases 1, 2 and 3, respectively). The inlet velocity for each 
case is taken as uniform with a constant temperature of 300 K and atmospheric pressure. All 
variables are obtained as a part of the solution at the outlet boundary and all variables are 
specified at the inlet boundary for each test case. Inlet conditions are assigned as the initial 

 

conditions for all variables throughout the computational domain. The chemical reactions of 
air-acetylene mixture are approximated as single-step first-order simple kinetics (similar to 
flame acceleration study). The effects of channel aspect ratio and wall temperature have 
been carefully investigated. Figure 4.5 illustrates the mass fraction of the combustible 
mixture, and temperature contours for case 1. It is clear from Figure 4.5 that the air-acetylene 
mixture gets completely burned inside the channel. The reaction zone initiating from the 
wall region meets at the centerline forming a bent structure of discontinuity. The double hill 
formation due to heat released by combustion in the burned region of the temperature 
contour is also evident from Figure 4.5. The high wall-friction associated with the microscale 
flow brings about the initiation of combustion near the wall region which, in turn, produces 
the complex discontinuity of Mach and temperature contours. The contour plots of the 
individual variables for case 2 & 3 are shown in Figs. 4.6 & 4.7. The height-to-length ratios 
(H/L) of the microchannel are gradually increased. It is clearly evident that with the 
increase in H/L, the zone of burned gas moves towards the right hand side (RHS) of the 
microchannel. For highest H/L, the reacted burned gas zone remains detached near the 
centerline. It can be clearly observed, from Figure 4.8, that the point of initiation of 
combustion from the wall and corresponding centerline distribution of mass fraction of 
combustible mixture gradually shifts towards the RHS of the microchannel from case 1 to 
case 3. The rise in temperature near the wall due to wall friction initiates the chemical 
reaction of the combustible mixture close to the wall region and the reacted zone reaches the 
centerline for smaller height-to-length ratio of the microchannels. The wall temperature 
plays an important role on self-sustainment or reignition of the microcombustion in 
hypersonic flows. Since the assumption of single-step simple chemistry model is a major 
approximation of the simulation, the present results can be seen as a preliminary prediction 
for understanding the general trends of microcombustion phenomena. 
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power generator. Maruta et al., (2002) studied the extinction limits of self-sustaining 
methane-fueled combustion on platinum catalyst in non-adiabatic microscale flow reactor 
channels. Boyarko et al., (2005) experimentally studied fuel rich gaseous hydrogen and 
oxygen on catalytically active surfaces within 0.4 and 0.8 mm internal diameter microtubes. 
Good agreement with a plug flow model prediction of detailed gas-phase chemistry and 
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gaseous phase reactions since they involve isothermal reactions over a wide range of 
concentrations and temperatures. Xu & Ju, (2004) developed a slip model for species to 
consider the rarefied gas effect at the boundary in microscale reactors and nanoscale 
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Fig. 4.5 Contours of fuel-mixture mass fraction (top) and temperature (bottom) for case 1 
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Fig. 4.6 Contours of fuel-mixture mass fraction (top) and temperature (bottom) for case 2 
 

 
Fig. 4.7 Contours of fuel-mixture mass fraction (top) and temperature (bottom) for case 3 

 

  
Fig. 4.8 Fuel mass fraction distribution near wall (left) and centerline  

 
5. Shock-waves in Microscales  
 

Thermal losses severely degrade the efficiency of miniaturized devices like internal 
combustion engines and gas turbines. In microscale devices shock waves can be exploited to 
produce shock-assisted (or shock-induced) combustion (Brouillette 2003). The behavior of 
conventional shock tubes at low pressure deviates from the ideal 1D gas dynamics theory. 
The properties of shock waves for low initial pressure were first examined by Duff, (1959). 
In general, shock tube flows are sensitive to boundary layer effects because they lead to flow 
non-uniformities, shock-wave attenuation and reduction in test time. Mirels, (1957) 
presented a methodology to compute the attenuation of shock waves by the method of 
characteristics. Later, Mirels, (1963, 1966) developed a theoretical model incorporating the 
influence of boundary layer on shock wave propagation. In microdimensions the shock tube 
behavior also suffers from strong deviation from the ideal case. Due to recent progress in the 
development of microdevices, several authors studied the characteristics of shock-wave 
propagation in mini/microchannels (Sun et al., 2001; Brouillette, 2003; Udagawa et al., 2007; 
Zeitoun and Burtschell, 2006; Parisse et al., 2008). Brouillette, (2003) proposed a 1D model to 
account for the scaling effects via molecular diffusion phenomena to analyse the generation 
and the propagation of shock waves. Zeitoun & Burtschel, (2006) numerically showed that 
the attenuation of the shock wave intensity is stronger for lower initial pressure or/and for 
smaller tube diameter. The effects of slip boundary conditions were found to be important. 
Zeitoun et al., (2007) also compared the prediction of shock wave propagation in the 
microtubes and microchannels using three different numerical approaches, namely DSMC 
method, BGK model and Navier-Stokes system of equations with slip models. In recent 
works of Mirshekari & Brouillette, (2009), a combined approach using 1D model and 
numerical simulations has been proposed to predict the performance of a microscale shock 
tubes with 3D effects incorporating source terms in conservation equations. It can be 
realized that at lower pressure ratios the shock wave tends to become nonexistent in 
microscale. In terms of applications, microscale shock tube material with lower thermal 
conductivity is recommended by Mirshekari & Brouillette, (2009) to achieve desired high 
temperature-jump. We carried out three demonstratives test-cases to show the effect of 
lowering the initial pressure (P1) of driven-gas (argon) for a 1mm (L) by 10µm (H) channel 
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(case 1: 1atm, case 2: 0.5atm and case 3: 0.1atm). The pressure of the driver-gas (oxygen), P4, 
has been calculated from the theoretical value which gives the pressure ratio (P4/P1) as 
function of the incident Mach number (Ms).  
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where a1and a4  are the speed of sound for driven-gas and driver-gas respectively. 
Ms has been taken as 1.6 for the three test-cases. Owing to the symmetry of the problem only 
half of the physical domain has been simulated considering symmetry boundary conditions 
(on the top) and first-order slip boundary conditions (on the bottom). Based on Knudsen 
number criteria and previous studies (Zeitoun & Burtschel, 2006), the effect of thermal creep 
was neglected. Isothermal wall conditions (with a fixed wall temperature 300K) are imposed 
for all the considered cases. Unsteady computations have been carried out and the 
simulations have been stopped before the shock wave and the expansion fan reach the right 
and left boundaries of the computational domain.  
 

 
Fig. 5.1 Comparison of Reynolds number and Knudsen number  
          
Reynolds and Knudsen numbers, based on centerline flow-field properties, have been 
shown in Figure 5.1. It is evident that Knudsen number is higher for driven-gas section 
having lower pressure, and Knudsen number is progressively higher from case 1 to case 3. 
Presence of dominant viscous effects can also be realized from lowest Reynolds number for 
case 3. 

 

 
Fig. 5.2 Flow variables for case 1 
 

 
Fig. 5.3 Flow variables for case 2 
 
Figs. 5.2-5.4 show the flow field parameters at non-dimensional time   ta1 H  20 . It can be 
seen that the strength of the shock gradually becomes weaker in cases from 1 to 3. The 
contact discontinuity location can be visualized from species mass fraction profile for each 
test case. Comparisons of dimensionless streamwise velocities (here, we used the speed of 
sound a1 as a reference velocity) have been illustrated in Figure 5.5. The attenuation and 
retardation of shock propagation are clearly visible from this figure. Indeed for case 3, shock 
wave became almost nonexistent compared to the other two cases.  
Finally, the shock location has been recorded and shown in Figure 5.6 for all cases. The ideal 
curve corresponds to the theoretical Ms = 1.6. It is evident that damping of shock 
propagation increases with the increase of Knudsen number associated with lower initial 
driven-gas pressure.  
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Fig. 5.4 Flow variables for case 3 
 

 
Fig. 5.5 Comparison of streamwise velocities 
 

 
Fig. 5.6 Evolution of shock-position  

 

6. Conclusions 
 

In this chapter, we have provided a brief literature survey on compressible, reacting and 
non-reacting microscale gas flows including some of our recent numerical findings. The 
applicability of Navier-Stokes solutions with wall-slip models proved to be very cost-
effective numerical approach for successful prediction of gas flows and thermal 
characteristics in microdevices. In particular, the validation of implemented first-order slip 
model has been achieved in solving various relevant benchmark problems. First, partially 
heated microchannel, resembling the classical Graetz problem, has been investigated with 
respect to the effect of Knudsen number as well as gas species. Then, high-speed supersonic 
and hypersonic flows with heat transfer in microchannel have been investigated. It has been 
found that the wall temperature jump is higher for higher inlet Mach numbers. Differences 
between conventional and microscale nozzle flows have been illustrated through different 
numerical simulations. Specifically, shock-free supersonic flow has been observed in 
micronozzles, contrary to conventional full-scale nozzles, and boundary-layer separation 
phenomenon has been found to be less pronounced in microscales. For the reacting cases, a 
specific solver has been developed for predicting the mechanism of flame acceleration and 
microcombustion in high-speed premixed stoichiometric air-acetylene mixture inside 
microchannels. The complex interactions among hydrodynamic process, shock structures 
and combustion have been predicted using a simplified single-step chemistry model. It can 
be concluded that microcombustion in high-speed flows can be achieved in suitably 
preheated stoichiometric premixed fuel-oxidizer. Furthermore, thermal loss is an important 
factor in high-speed microcombustion. In addition, in order to get better insights into the 
physics of shock-wave phenomena, attenuation of shock waves in microdimensions through 
both viscous and thermal effects has been reported.  
One can notice that theoretical knowledge is presently more advanced for gas-flows than for 
liquid/two-phase flows in microchannels. However, there exists the need for precise 
experimental data both for steady and unsteady reacting and non-reacting microscale gas 
flows to definitely validate the choice of the best boundary model in the slip flow regime. 
Application of high-order slip models needs further intensive numerical investigations. 
Determination of the appropriate values of the accommodation coefficients also remains an 
open issue. Theoretical investigations relative to unsteady or thermally driven microflows 
would also need to be supported by smart experiments. Although the present two-
dimensional studies reveal many important features of microscale flows and gaseous 
reactions, three-dimensional studies are required to get better insight into the physics of 
microflows. Incorporation of heat-loss mechanism through solid wall and detailed multi-
step chemical reaction models, in case of reacting simulations, are also crucial aspects for 
more realistic and high-fidelity numerical predictions. 
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1. Introduction 
 

Industrial production of feed blends involves mixing of single ingredients that are 
simultaneously used for feeding of various kinds and categories of domestic animals. The 
optimal mix of ingredients in industrial production of livestock feed has to be satisfactory in 
terms of quality and cost considering the need for particular sorts of feed and their seasonal 
availability.  
While the feed has to meet the nutritional requirements of livestock to allow maximal 
weight gain its industrial production has to be economical, which can only be ensured by an 
optimal blending of ingredients.  
Optimization of industrial production of feed blends in terms of their nutritive value and in 
terms of economic criteria can be carried out by application of mathematical optimization 
methods. The benefit of application of these methods is fast and efficient solution for the 
optimal combination of ingredients considering the nutritive needs of animals and 
constraints in their availability. Unlike the standard problem of feed where the requirements 
for basic nutrients have to be met at minimised costs and which is solved mainly by linear 
programming, the authors introduce also the goals of meal quality where different 
requirements of decision makers are modelled by multiple-criteria linear programming. 
The lack of appropriate methodology to solve the problem of optimizing industrial 
production of livestock feed blends without investing much effort of analysts and with 
minimal engagement of decision maker is the essential issue of this research. This problem 
requires defining of feed blend optimization methodology by using some of the existing 
multicriteria programming methods. Defined in this way the problem requires building up 
a general multicriteria programming model for optimization of feed blends, selecting 
optimization criteria, choosing the method to solve the concrete model, and choosing the 
method to determine the weights of criteria functions. Consequently the basic aims of this 
work are: 
 (1) to point on the concrete example that optimization of feed blend production is 
essentially a multi-criteria problem, (2) to develop a multi-criteria programming model 
which allows optimization of feed blend production for different kinds and categories of 

9



Recent Advances in Technologies146

 

Shih, J.C.; Ho, C.; Liu, J. & Tai, Y. (1996). Monatomic and polyatomic gas flow through 
uniform microchannels. In Application of Microfabrication to Fluid Mechanics, ASME 
Winter Annual meeting, 197-203, Atlanta, GA 

Sreekanth, A. K. (1969). Slip flow through long circular tubes. In: Trilling L, Wachman HY 
(eds) Proceedings of the 6th international symposium on rarefied gas dynamics. Academic 
Press, New York, 667–680 

Sun, M.; Ogawa, T. & Takayama, K. (2001). Shock propagation in narrow channels. In: Lu 
FK (ed) Proceedings of 24th international symposium on shock waves, 1320–1327 

Udagawa, S.; Maeno, K.; Golubeva, I. & Garen, W. (2007). Interferometric signal 
measurement of shock waves and contact surfaces in small scale shock tube. 
Proccedings of 26th international symposium on shock waves, 2060 

Wu, P. & Little, W.A. (1984). Measurement of the heat transfer characteristics of gas flow in 
fine channel heat exchanger used for microminiature refrigerators. Cryogenics, 24, 8, 
15-420 

Xu, B. & Ju, Y. (2004). Numerical modeling of the heterogeneous combustion in a microscale 
chemical reactor. AIAA 2004-304, 42nd AIAA Aerospace Sciences Meeting and 
Exhibit, Reno Hilton, Reno, Nevada 

Xu, J. & Zhao, C. (2007). Two-dimensional numerical simulations of shock waves in micro 
convergent–divergent nozzles. Int. J. of Heat & Mass Transfer, 50, 2434–2438 

Xue, H. & Chen, S. (2003). DSMC simulation of microscale backward-facing step flow. 
Microscale Thermophysical Engineering, 7, 69–86  

Yan, F. & Farouk, B. (2002).Computation of fluid flow and heat transfer in ducts using the 
direct solution Monte Carlo method, J. of Heat Transfer, 124, 609-616 

Yang, W.M.; Chou, S.K.; Shu, C.; Li, Z.W. & Xue, H. (2002). Combustion in micro-cylindrical 
combustors with and without a backward facing step. Applied Thermal Engineering, 
22, 1777–1787 

Yu, Z. T. F; Lee, Y; Wong, M. & Zohar, Y. (2005). Fluid flows in microchannels with cavities. 
J. of Microelectromechanical Systems, 14, 6, 1386 - 1398 

Yuasa, S.; Oshimi, K.; Nose, H. & Tennichi, Y. (2005). Concept and combustion 
characteristics of ultra-micro combustors with premixed flame. Proceedings of the 
Combustion Institute, 30, 2455–2462 

Zeitoun, D.E., Burtschel, Y. (2006). Navier–stokes computations in micro shock tubes. Shock 
Waves, 15, 241–246  

Zeitoun, D. E.; Burtschell, Y. ; Graur, I.A. ; Ivanov, M. S.; Kudryavtsev, A. N. & Bondar, Y. A. 
(2007). Shock waves at microscalesn. Proceedings of West-east high speed flow field 
Conference, 19-22,Moscow, Russia  

Optimization of Industrial Production of Feed Blends as Multiple Criteria Programming Problem 147

Optimization of Industrial Production of Feed Blends as Multiple Criteria 
Programming Problem

Tunjo Perić and Zoran Babić

 

X 
 

Optimization of Industrial Production  
of Feed Blends as Multiple Criteria 

Programming Problem 
 

Tunjo Perić* and Zoran Babić** 
*  Bakeries Sunce d.o.o., 10431 Sveta Nedelja, Croatia,  e-mail: tunjo.peric1@zg.t-com.hr 
** Faculty of Economics, 21000 Split, Matice hrvatske 31, Croatia,  e-mail: babic@efst.hr 

 
1. Introduction 
 

Industrial production of feed blends involves mixing of single ingredients that are 
simultaneously used for feeding of various kinds and categories of domestic animals. The 
optimal mix of ingredients in industrial production of livestock feed has to be satisfactory in 
terms of quality and cost considering the need for particular sorts of feed and their seasonal 
availability.  
While the feed has to meet the nutritional requirements of livestock to allow maximal 
weight gain its industrial production has to be economical, which can only be ensured by an 
optimal blending of ingredients.  
Optimization of industrial production of feed blends in terms of their nutritive value and in 
terms of economic criteria can be carried out by application of mathematical optimization 
methods. The benefit of application of these methods is fast and efficient solution for the 
optimal combination of ingredients considering the nutritive needs of animals and 
constraints in their availability. Unlike the standard problem of feed where the requirements 
for basic nutrients have to be met at minimised costs and which is solved mainly by linear 
programming, the authors introduce also the goals of meal quality where different 
requirements of decision makers are modelled by multiple-criteria linear programming. 
The lack of appropriate methodology to solve the problem of optimizing industrial 
production of livestock feed blends without investing much effort of analysts and with 
minimal engagement of decision maker is the essential issue of this research. This problem 
requires defining of feed blend optimization methodology by using some of the existing 
multicriteria programming methods. Defined in this way the problem requires building up 
a general multicriteria programming model for optimization of feed blends, selecting 
optimization criteria, choosing the method to solve the concrete model, and choosing the 
method to determine the weights of criteria functions. Consequently the basic aims of this 
work are: 
 (1) to point on the concrete example that optimization of feed blend production is 
essentially a multi-criteria problem, (2) to develop a multi-criteria programming model 
which allows optimization of feed blend production for different kinds and categories of 
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livestock, (3) to apply a multi-criteria programming method in solving the problem of the 
concrete pig farming company, (4) to analyse the obtained solutions and point to the 
strengths and weaknesses of the formed model as well as to the possibilities of further 
research in this field.  

 
2. Criteria and optimization model of feed blend production 
 

When determining criteria for optimization of feed blend production the factors to be 
considered are: 
- the cost of blend preparation 
- the nutrition needs of animals for which the blends are prepared 
- the blend quality 
It would be ideal if the costs were minimal, the nutrition needs completely satisfied, and the 
blend quality maximal. Consequently, the criteria for optimization of feed blend production 
are:  
1. Cost expressed in monetary units, 
2. Nutrients (in percentage) needed for the maximal weight gain,   
3. Nutrients (in percentage) affecting the quality of the blend, and thus also the weight gain 
of the animal for which the feed is prepared.  
The problem of determining the optimal production of feed blends emerges if the needs for 
certain sorts and quantities of blends are given but the quantity (availability) of some 
ingredients is limited. This problem arises when the farmers prepare the feed blends in their 
own plants, but it may also appear if the feed blend is produced to be marketed.  
Consequently, the problem of determining the optimal feed blend production for particular 
kinds and categories of livestock is the multi-criteria programming problem. If we want to 
solve the problem by multiple criteria programming methods, we have to start from the 
following:  
-  Criteria for determination of the optimal feed blend are given. 
- The feed blends have to meet the needs for nutrients of the given animal kinds and 

categories. 
- Particular feed sorts and quantities are available that can be used as blend components. 
Let us introduce the following marks:  
fj - criteria functions (j = 1, ..., p), 
bkq - need for a nutrient of k kind in the blend unit q, (k = 1, ..., m; q = 1, ... , s),  
n - number of available sorts of feed (ingredients), 
cijq - i coefficient of j criterion function for q blend, (i = 1, ...,n;  j = 1, ..., p; q = 1, ... ,s), 
xiq - quantity of  i ingredient in q blend, (i = 1, ..., n; q=1, ... ,s), 
aikq - quantity of  k nutrient per unit of  i ingredient in the q blend (i = 1, ..., n; k = 1, ..., m; q = 

1, ... , s), 
di - available quantity of  i ingredient, (i = 1, ..., n), 
aq – the needed quantity of q blend, (q = 1, ... , s). 
Now we can form a multiple criteria linear programming model for optimization of feed 
blend production: 
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Naturally, besides the constraints of minimal and maximal requirements for particular 
nutrients (bkq) other constraints are also possible, for instance the requirement to limit one 
ingredient to a certain quantity. It is also frequently required that a particular sort of feed is 
not included in quantities too large or too small. Of course, all the requirements will depend 
on the kind of animal and suggestions of nutritionists. The obtained model is a multiple 
criteria linear programming model and can be solved by appropriate multiple criteria linear 
programming methods. 

 
3. Multicriteria linear programming 
 

3.1. The concept of multicriteria programming 
Multicriteria programming is a complex process of determining non-dominated solutions 
from the set of possible solutions and determining the preferred solution from the set of 
non-dominated solutions. The basic stages of multicriteria programming are: 
1.defining of system goals and determining ways to achieve them 
2.mathematical description of the system and defining the way to evaluate criteria functions 
3.application of the existing multicriteria programming methods  
4.final decision making 
5.if the final decision is not accepted, new information is arranged and the procedure 

repeated from the 2nd stage onward by repeated task definition (Perić, 2008). 
These stages also appear in mono-criterion programming but they are not emphasized 
because programming here usually involves determining the optimal solution, which 
corresponds to the third stage of multicriteria programming.  
To solve the multicriteria programming models a large number of methods have been 
developed in the last thirty years. These methods are based on the optimum concept 
established by the Italian economist V. Pareto in 1896.  
The concept of Pareto Optimum was introduced into operational research in 1951 in the 
pioneering work of Koopmans (1951). A more general approach seen as the problem of 
vector function maximization over a limited set of constraints was stated by Kuhn and 
Tucker in 1951. We also have to note the work of Markowitz (1959), who introduced the 
concept of efficient set.  
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are:  
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2. Nutrients (in percentage) needed for the maximal weight gain,   
3. Nutrients (in percentage) affecting the quality of the blend, and thus also the weight gain 
of the animal for which the feed is prepared.  
The problem of determining the optimal production of feed blends emerges if the needs for 
certain sorts and quantities of blends are given but the quantity (availability) of some 
ingredients is limited. This problem arises when the farmers prepare the feed blends in their 
own plants, but it may also appear if the feed blend is produced to be marketed.  
Consequently, the problem of determining the optimal feed blend production for particular 
kinds and categories of livestock is the multi-criteria programming problem. If we want to 
solve the problem by multiple criteria programming methods, we have to start from the 
following:  
-  Criteria for determination of the optimal feed blend are given. 
- The feed blends have to meet the needs for nutrients of the given animal kinds and 

categories. 
- Particular feed sorts and quantities are available that can be used as blend components. 
Let us introduce the following marks:  
fj - criteria functions (j = 1, ..., p), 
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1, ... , s), 
di - available quantity of  i ingredient, (i = 1, ..., n), 
aq – the needed quantity of q blend, (q = 1, ... , s). 
Now we can form a multiple criteria linear programming model for optimization of feed 
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Naturally, besides the constraints of minimal and maximal requirements for particular 
nutrients (bkq) other constraints are also possible, for instance the requirement to limit one 
ingredient to a certain quantity. It is also frequently required that a particular sort of feed is 
not included in quantities too large or too small. Of course, all the requirements will depend 
on the kind of animal and suggestions of nutritionists. The obtained model is a multiple 
criteria linear programming model and can be solved by appropriate multiple criteria linear 
programming methods. 

 
3. Multicriteria linear programming 
 

3.1. The concept of multicriteria programming 
Multicriteria programming is a complex process of determining non-dominated solutions 
from the set of possible solutions and determining the preferred solution from the set of 
non-dominated solutions. The basic stages of multicriteria programming are: 
1.defining of system goals and determining ways to achieve them 
2.mathematical description of the system and defining the way to evaluate criteria functions 
3.application of the existing multicriteria programming methods  
4.final decision making 
5.if the final decision is not accepted, new information is arranged and the procedure 

repeated from the 2nd stage onward by repeated task definition (Perić, 2008). 
These stages also appear in mono-criterion programming but they are not emphasized 
because programming here usually involves determining the optimal solution, which 
corresponds to the third stage of multicriteria programming.  
To solve the multicriteria programming models a large number of methods have been 
developed in the last thirty years. These methods are based on the optimum concept 
established by the Italian economist V. Pareto in 1896.  
The concept of Pareto Optimum was introduced into operational research in 1951 in the 
pioneering work of Koopmans (1951). A more general approach seen as the problem of 
vector function maximization over a limited set of constraints was stated by Kuhn and 
Tucker in 1951. We also have to note the work of Markowitz (1959), who introduced the 
concept of efficient set.  
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3.2. Multicriteria programming model 
Multicriteria programming model is a programming model with two or more criteria 
functions on a set of possible solutions. The mathematical form of this model can be expressed 
as:   

(max) f  =  1( ), , ( )kf x f x , (k 2) 

s.t.                                                                                                               (6) 
                                                    g i ( x )  0, 1, , ,i m   
or in vector form: 

(max) ( )f x  

s.t.                                                                                  (7) 

                                                               
( ) 0,g x    

where x  is n-dimensional vector. 
From the expression (6) it can be seen that the multi-criteria programming (MP) model 
contains k criteria functions that are to be maximized (if the model contains functions that 
are to be minimized it is enough to multiply them by (  1)), m constraints and n variables. If 
in the model all the functions ( )jf x

 
and ( )ig x  are linear, then we are dealing with a 

multicriteria linear programming model. If, however, any of these functions is non-linear 
then we are dealing with a non-linear programming model.  
The result obtained by solving a multicriteria programming model is one or more non-
dominated (efficient, Pareto optimal) solutions. The non-dominated solution obtained in this 
way in which all criteria functions are maximized is defined as follows:  
*x  is non-dominated solution of the multicriteria programming model if there is no other 

allowable x  such that *( ) ( )j jf x f x , implying that *( ) ( )j jf x f x
 
for all 1, ,j k  , with 

strict inequality for at least one j. 
In literature there is a large number of methods for solving multicriteria linear programming 
models to obtain one or several non-dominated solutions.  
In order to optimize industrial production of feed blends with minimal participation of the 
decision maker in the process of obtaining a compromise non-dominated solution we decide to 
use the weight coefficient method. This method provides a non-dominated solution in the 
extreme point of convex polyhedron. The weight coefficient method requires a priori 
determination of weights for all the criteria functions. It is, however, not realistic to expect that 
the decision maker will be able to determine in advance the weights of criteria functions. It is 
therefore recommended to determine weight coefficients by applying an appropriate method on 
the payoff table of marginal solutions with simultaneous correction of the obtained solutions by 
information on the subjective importance of criteria functions obtained from the decision maker. 
The preconditions for successful solving of the feed blend optimization problem are:  
1. an adequate technological support in terms of analysis of ingredients to be included in the 

blend 
2. an adequate analysis of the supply market for the blend ingredients 
3. an adequate analysis of the sales market for the produced blends. 
On the basis of this information it is possible to optimize the industrial production of feed 
blends applying the multicriteria programming methods.  

 

3.3. Weight coefficient method 
In all the methods using the utility function the MP model looks as: 
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where ( )U f  is a multicriteria utility function. Consequently, utility function methods 
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for the simple problems. 
What makes the utility function method significant? If ( )U f  is correctly estimated, the 

decision maker will obtain the best solution. It will not only be most beneficial for the decision 
maker, but also, according to the non-domination theorem (Perić, 2008), it will also be non-
dominated. However, an important difficulty of this method is that it requires the decision 
maker to express his preferences in terms of each single criteria function in advance (prior to 
any preliminary model solving). 
Utility function ( )U f  may take several forms. Their common characteristic is the 

assumption that the decision maker’s utility function is separable in terms of criteria 
functions (Fishburn, 1974). The assumptions underlying the utility function methods are:  
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For additive utility function methods, the MP model is given in the following form:  
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In order to meet the additivity assumption and criteria function linear utility assumption, as 
they are almost always expressed in different measure units, we propose a certain 
modification of this method. Namely, reducing the criteria functions value to the 
dimensionless space 0, 1  will satisfy the above assumptions. To do this we will use the 
linearization method. Then the model (10) gets the following form:  
 

*

1

(max) ( ) /
k

j j j
j

w f x f

  

s.t.                                                                                                  (11) 
                                                               ( ) 0 1, , ,ig x i m  

 
 

where *
jf  are maximal values of criteria functions.  

Model (11) is a linear programming model and to solve it we can use any method for 
solving linear programming models.  
To determine the weights jw  several procedures have been developed and the most 
frequently used ones are the following two:  
(1) The criteria functions from the MP model are shown in the square matrix B of 
dimensions k   k whose components denote the relations between the criteria functions in 
the following way: 
 
              1     if ( )if x  is of equal importance as ( )jf x , 
bij=        2     if ( )if x  is  more important than ( )jf x , 
              4     if ( )if x  is much more important than ( )jf x , 
              0     in other cases. 
 
Thus the following table is obtained:  
 

 1f  2f   kf  ijb  

1f  1 12b   1kb  1  

2f  21b  1  2kb  2  
            
kf  1kb  2kb   1 k  

Table 1. Relations between criteria functions  
 
 The weight coefficients jw  are determined by the following formula:  
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This way of determining weight coefficients is applied in the cases when it is possible to 
compare all the criteria functions. 

 

(2) Use of marginal solutions payoff table:  
 

 1f  2f   kf  

x1* *
1f  2

1f   1
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x2* 1
2f  *

2f   2
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xk* 1

kf  2
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Weight coefficients 1w  2w   kw  
Table 2. Marginal solutions payoff table 
 
This table consists of elements that show the values of single marginal solutions to criteria 
functions, while the elements on the main diagonal represent the ideal vector.  
Analyzing the distances between the single values in columns and the corresponding 
elements of the ideal vector we can see that two cases are possible: 
a.If the distances are small we take that the weight of the given criteria function is small, as 

for this function several marginal solutions have approximately similar values so that this 
function is given small weight coefficients; 

b.If the distances are large, the given criteria function has a grater value so it is given a 
greater weight coefficient.  

When we know the data from the payoff table, i.e. the values of all the alternatives 
(compromise solutions) for each criterion, we may use the entropy method to estimate the 
weights of criteria functions.   
Entropy has become an important concept in social sciences, physics, and particularly in 
information theory. It is used for measuring the expected content of information in a 
message. In information theory entropy represents a criterion for the extent of uncertainty 
represented by a discreet distribution of probability pj, where a wide distribution means a 
higher extent of uncertainty than the narrow one. This uncertainty measure was defined by 
Shannon (see Shannon, 1993) as: 
 

1 2
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k

k j j
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S p p p l p p
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where l is a positive constant.  This formula is called probability distribution entropy pj. The 
terms entropy and uncertainty are therefore often considered synonymous. When all the pj 

are equal to each other, i.e. 1 /jp k , the expression 1 2( , , , )kS p p p  acquires its maximal 
value which is equal to l  ln k. Namely,  
 

1
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           . 

 
Consequently, entropy is maximal when all the evaluations are equal to each other. 
The payoff table for the set of alternatives contains a certain quantity of information and 
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entropy can be used as a tool for criteria evaluation. The entropy concept is particularly 
useful in investigating contrasts between data sets. For example, a criterion may not provide 
much information useful for comparison of alternatives if all the alternatives by this 
criterion have similar values. Moreover if all the values by that criterion are equal, the 
criterion can be eliminated from further consideration. In such a case entropy calculated on 
the basis of these values will be great, and the criterion will be given a smaller weight.   
We will now consider a multicriteria decision making problem in which we have m 
alternatives and k criteria. The evaluation of the i alternative by the j criterion pij contains 
some extent of  information that can be measured by the entropy value. However, the 
significance of pij is determined by different evaluations of all the alternatives by the j 
criterion, therefore we will consider the evaluation of the i alternative by j criterion as a part 
(percentage) of the total sum of values obtained by all the alternatives by the j 

criterion
1

( )
m

ij
i
x


 . Consequently, the valuation of the i alternative by the j criterion is defined 

as:   
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ij
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where xij are the elements of the payoff table.  
Entropy Ej of the evaluation set of all the alternatives by j criterion (since we are esuring the 
weight of the j criterion) is then:  
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where l is the constant  1
ln

l
m

  ensuring 0 1jE  . 

The degree of diversification dj of the information obtained by evaluations by j criterion can 
be defined as 

1 ,j jd E j   .                                                              (16) 
 

If the decision maker has no reason to prefer one criterion to another, the principle of 
insufficient reasons suggests equal weights for all the criteria. Considering the entropy as 
well the best set of weights, instead of equal weights, is then given as: 
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If, however, the decision maker a priori has subjectively chosen weights j , this can be used 
as additional information for determining weights. The final weights then are: 
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4. Solving the problem of optimization of feed blend production  
 

4.1. Setting the problem 
We will now establish the multiple-criteria linear programming (MLP) model to optimize 
feed blend production in a company dealing with pig farming and preparation of feed 
blend, and then we will solve the obtained model by application of multi-criteria linear 
programming, in the first step separately optimizing each chosen criteria function.   
The subsequent breakdown gives the data necessary for optimization of production of 5 
different sorts of feed blend for pigs: PS-1 pigs weighing up to 15 kg, PS-2 pigs weighing 15-
25 kg, PS-3 pigs weighing 25-60 kg, PS-4 pigs weighing 60-100 kg, and PS-5 pigs weighing 
over 100 kg. For the coming period of one month the required quantities are: 10000 kg of 
blend PS-1 (a1), 20000 kg of blend PS-2 (a2), 30000 kg of blend PS-3 (a3), 50000 kg of blend PS-
4 (a4) and 20000 kg of blend PS-5 (a5). The optimal production is to meet the requirements 
for minimal and maximal quantities of nutrients in the blends. Besides, it is necessary to 
meet the requirement for the necessary quantities of the feed blends for this period 
considering the constraint in terms of ingredients availability. Determination of minimal 
and maximal shares of nutrients in the feed blend is based on scientific research (see e.g. 
Perić, 2008. It has to be noted that due to the varying quality of ingredients prior to the 
preparation of feed blends it is necessary to analyse the content of nutrients in all the 
available ingredients. All the data are shown in the Tables 3, 4, and 5.  
The ingredients for pig feed blends, their purchasing price per unit, the percentage of 
nutrients,  water and raw protein per unit, as well as the available quantity are shown in the 
Table 3. The total cost has to be minimised, the total share of nutrients in the blend has to be 
maximised, the share of water in the optimal meal has to be minimized, while the total share 
of raw protein has to be maximised.  
The choice of criteria functions for optimization of feed blend production is carried out in 
cooperation with the nutritionists.  
 

Sorts of feed 
Price – 
1ic  (min) 

Nutrients 
– 

2ic  (max) 

Water – 
3ic  (min) 

Raw 
protein 
4ic (max) 

Available 
quantity 
in kg - di 

H1 Barley 1.75 70 11 11.5 30000 
H2 Maize 1.75 80 12 8.9 50000 
H3 Lucerne 1.65 32 6.9 17.0 20000 

H4 Powdered 
milk 6 86 8.4 33.0 10000 

H5 Fish meal 9 69 9 61.0 20000 
H6 Soya 2.7 92 10 38.0 2000 
H7 Soya hulls 3.5 79 11 42.0 2000 
H8 Dried whey 9 78 6 12.0 5000 
H9 Rape pellets 1.8 66 8.0 36.0 20000 
H10 Wheat 1.8 79 12 13.5 70000 
H11 Rye 1.8 75 11.4 12.6 40000 
H12 Millet 3.5 65 10.0 11.0 40000 
H13 Sunfl.  pellets 1.8 68 7.0 42.0 20000 

Table 3. Sorts of feed 
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If, however, the decision maker a priori has subjectively chosen weights j , this can be used 
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4. Solving the problem of optimization of feed blend production  
 

4.1. Setting the problem 
We will now establish the multiple-criteria linear programming (MLP) model to optimize 
feed blend production in a company dealing with pig farming and preparation of feed 
blend, and then we will solve the obtained model by application of multi-criteria linear 
programming, in the first step separately optimizing each chosen criteria function.   
The subsequent breakdown gives the data necessary for optimization of production of 5 
different sorts of feed blend for pigs: PS-1 pigs weighing up to 15 kg, PS-2 pigs weighing 15-
25 kg, PS-3 pigs weighing 25-60 kg, PS-4 pigs weighing 60-100 kg, and PS-5 pigs weighing 
over 100 kg. For the coming period of one month the required quantities are: 10000 kg of 
blend PS-1 (a1), 20000 kg of blend PS-2 (a2), 30000 kg of blend PS-3 (a3), 50000 kg of blend PS-
4 (a4) and 20000 kg of blend PS-5 (a5). The optimal production is to meet the requirements 
for minimal and maximal quantities of nutrients in the blends. Besides, it is necessary to 
meet the requirement for the necessary quantities of the feed blends for this period 
considering the constraint in terms of ingredients availability. Determination of minimal 
and maximal shares of nutrients in the feed blend is based on scientific research (see e.g. 
Perić, 2008. It has to be noted that due to the varying quality of ingredients prior to the 
preparation of feed blends it is necessary to analyse the content of nutrients in all the 
available ingredients. All the data are shown in the Tables 3, 4, and 5.  
The ingredients for pig feed blends, their purchasing price per unit, the percentage of 
nutrients,  water and raw protein per unit, as well as the available quantity are shown in the 
Table 3. The total cost has to be minimised, the total share of nutrients in the blend has to be 
maximised, the share of water in the optimal meal has to be minimized, while the total share 
of raw protein has to be maximised.  
The choice of criteria functions for optimization of feed blend production is carried out in 
cooperation with the nutritionists.  
 

Sorts of feed 
Price – 
1ic  (min) 

Nutrients 
– 

2ic  (max) 

Water – 
3ic  (min) 

Raw 
protein 
4ic (max) 

Available 
quantity 
in kg - di 

H1 Barley 1.75 70 11 11.5 30000 
H2 Maize 1.75 80 12 8.9 50000 
H3 Lucerne 1.65 32 6.9 17.0 20000 

H4 Powdered 
milk 6 86 8.4 33.0 10000 

H5 Fish meal 9 69 9 61.0 20000 
H6 Soya 2.7 92 10 38.0 2000 
H7 Soya hulls 3.5 79 11 42.0 2000 
H8 Dried whey 9 78 6 12.0 5000 
H9 Rape pellets 1.8 66 8.0 36.0 20000 
H10 Wheat 1.8 79 12 13.5 70000 
H11 Rye 1.8 75 11.4 12.6 40000 
H12 Millet 3.5 65 10.0 11.0 40000 
H13 Sunfl.  pellets 1.8 68 7.0 42.0 20000 

Table 3. Sorts of feed 
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entropy can be used as a tool for criteria evaluation. The entropy concept is particularly 
useful in investigating contrasts between data sets. For example, a criterion may not provide 
much information useful for comparison of alternatives if all the alternatives by this 
criterion have similar values. Moreover if all the values by that criterion are equal, the 
criterion can be eliminated from further consideration. In such a case entropy calculated on 
the basis of these values will be great, and the criterion will be given a smaller weight.   
We will now consider a multicriteria decision making problem in which we have m 
alternatives and k criteria. The evaluation of the i alternative by the j criterion pij contains 
some extent of  information that can be measured by the entropy value. However, the 
significance of pij is determined by different evaluations of all the alternatives by the j 
criterion, therefore we will consider the evaluation of the i alternative by j criterion as a part 
(percentage) of the total sum of values obtained by all the alternatives by the j 

criterion
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where xij are the elements of the payoff table.  
Entropy Ej of the evaluation set of all the alternatives by j criterion (since we are esuring the 
weight of the j criterion) is then:  
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The degree of diversification dj of the information obtained by evaluations by j criterion can 
be defined as 
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If the decision maker has no reason to prefer one criterion to another, the principle of 
insufficient reasons suggests equal weights for all the criteria. Considering the entropy as 
well the best set of weights, instead of equal weights, is then given as: 
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4. Solving the problem of optimization of feed blend production  
 

4.1. Setting the problem 
We will now establish the multiple-criteria linear programming (MLP) model to optimize 
feed blend production in a company dealing with pig farming and preparation of feed 
blend, and then we will solve the obtained model by application of multi-criteria linear 
programming, in the first step separately optimizing each chosen criteria function.   
The subsequent breakdown gives the data necessary for optimization of production of 5 
different sorts of feed blend for pigs: PS-1 pigs weighing up to 15 kg, PS-2 pigs weighing 15-
25 kg, PS-3 pigs weighing 25-60 kg, PS-4 pigs weighing 60-100 kg, and PS-5 pigs weighing 
over 100 kg. For the coming period of one month the required quantities are: 10000 kg of 
blend PS-1 (a1), 20000 kg of blend PS-2 (a2), 30000 kg of blend PS-3 (a3), 50000 kg of blend PS-
4 (a4) and 20000 kg of blend PS-5 (a5). The optimal production is to meet the requirements 
for minimal and maximal quantities of nutrients in the blends. Besides, it is necessary to 
meet the requirement for the necessary quantities of the feed blends for this period 
considering the constraint in terms of ingredients availability. Determination of minimal 
and maximal shares of nutrients in the feed blend is based on scientific research (see e.g. 
Perić, 2008. It has to be noted that due to the varying quality of ingredients prior to the 
preparation of feed blends it is necessary to analyse the content of nutrients in all the 
available ingredients. All the data are shown in the Tables 3, 4, and 5.  
The ingredients for pig feed blends, their purchasing price per unit, the percentage of 
nutrients,  water and raw protein per unit, as well as the available quantity are shown in the 
Table 3. The total cost has to be minimised, the total share of nutrients in the blend has to be 
maximised, the share of water in the optimal meal has to be minimized, while the total share 
of raw protein has to be maximised.  
The choice of criteria functions for optimization of feed blend production is carried out in 
cooperation with the nutritionists.  
 

Sorts of feed 
Price – 
1ic  (min) 

Nutrients 
– 

2ic  (max) 

Water – 
3ic  (min) 

Raw 
protein 
4ic (max) 

Available 
quantity 
in kg - di 

H1 Barley 1.75 70 11 11.5 30000 
H2 Maize 1.75 80 12 8.9 50000 
H3 Lucerne 1.65 32 6.9 17.0 20000 

H4 Powdered 
milk 6 86 8.4 33.0 10000 

H5 Fish meal 9 69 9 61.0 20000 
H6 Soya 2.7 92 10 38.0 2000 
H7 Soya hulls 3.5 79 11 42.0 2000 
H8 Dried whey 9 78 6 12.0 5000 
H9 Rape pellets 1.8 66 8.0 36.0 20000 
H10 Wheat 1.8 79 12 13.5 70000 
H11 Rye 1.8 75 11.4 12.6 40000 
H12 Millet 3.5 65 10.0 11.0 40000 
H13 Sunfl.  pellets 1.8 68 7.0 42.0 20000 

Table 3. Sorts of feed 
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useful in investigating contrasts between data sets. For example, a criterion may not provide 
much information useful for comparison of alternatives if all the alternatives by this 
criterion have similar values. Moreover if all the values by that criterion are equal, the 
criterion can be eliminated from further consideration. In such a case entropy calculated on 
the basis of these values will be great, and the criterion will be given a smaller weight.   
We will now consider a multicriteria decision making problem in which we have m 
alternatives and k criteria. The evaluation of the i alternative by the j criterion pij contains 
some extent of  information that can be measured by the entropy value. However, the 
significance of pij is determined by different evaluations of all the alternatives by the j 
criterion, therefore we will consider the evaluation of the i alternative by j criterion as a part 
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4. Solving the problem of optimization of feed blend production  
 

4.1. Setting the problem 
We will now establish the multiple-criteria linear programming (MLP) model to optimize 
feed blend production in a company dealing with pig farming and preparation of feed 
blend, and then we will solve the obtained model by application of multi-criteria linear 
programming, in the first step separately optimizing each chosen criteria function.   
The subsequent breakdown gives the data necessary for optimization of production of 5 
different sorts of feed blend for pigs: PS-1 pigs weighing up to 15 kg, PS-2 pigs weighing 15-
25 kg, PS-3 pigs weighing 25-60 kg, PS-4 pigs weighing 60-100 kg, and PS-5 pigs weighing 
over 100 kg. For the coming period of one month the required quantities are: 10000 kg of 
blend PS-1 (a1), 20000 kg of blend PS-2 (a2), 30000 kg of blend PS-3 (a3), 50000 kg of blend PS-
4 (a4) and 20000 kg of blend PS-5 (a5). The optimal production is to meet the requirements 
for minimal and maximal quantities of nutrients in the blends. Besides, it is necessary to 
meet the requirement for the necessary quantities of the feed blends for this period 
considering the constraint in terms of ingredients availability. Determination of minimal 
and maximal shares of nutrients in the feed blend is based on scientific research (see e.g. 
Perić, 2008. It has to be noted that due to the varying quality of ingredients prior to the 
preparation of feed blends it is necessary to analyse the content of nutrients in all the 
available ingredients. All the data are shown in the Tables 3, 4, and 5.  
The ingredients for pig feed blends, their purchasing price per unit, the percentage of 
nutrients,  water and raw protein per unit, as well as the available quantity are shown in the 
Table 3. The total cost has to be minimised, the total share of nutrients in the blend has to be 
maximised, the share of water in the optimal meal has to be minimized, while the total share 
of raw protein has to be maximised.  
The choice of criteria functions for optimization of feed blend production is carried out in 
cooperation with the nutritionists.  
 

Sorts of feed 
Price – 
1ic  (min) 

Nutrients 
– 

2ic  (max) 

Water – 
3ic  (min) 

Raw 
protein 
4ic (max) 

Available 
quantity 
in kg - di 

H1 Barley 1.75 70 11 11.5 30000 
H2 Maize 1.75 80 12 8.9 50000 
H3 Lucerne 1.65 32 6.9 17.0 20000 

H4 Powdered 
milk 6 86 8.4 33.0 10000 

H5 Fish meal 9 69 9 61.0 20000 
H6 Soya 2.7 92 10 38.0 2000 
H7 Soya hulls 3.5 79 11 42.0 2000 
H8 Dried whey 9 78 6 12.0 5000 
H9 Rape pellets 1.8 66 8.0 36.0 20000 
H10 Wheat 1.8 79 12 13.5 70000 
H11 Rye 1.8 75 11.4 12.6 40000 
H12 Millet 3.5 65 10.0 11.0 40000 
H13 Sunfl.  pellets 1.8 68 7.0 42.0 20000 

Table 3. Sorts of feed 
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Nutrients Constraint 
type 

Min or  
max   
req.  
PS-1 
(bk1) 

Min or  
max   
req.  
PS-2 
(bk2) 

Min or  
max 
req. 

 PS-3 
(bk3) 

Min or  
  max 
req. PS-
4 (bk4) 

Min or  
max   
req. 
PS-5 
(bk5) 

E1 Raw protein %   20 18 16 14 13 
E2 Pulp %  ≤ 4 6 7 7 9 
E3 Calcium–Ca %  ≤ 1.2 1.1 0.9 0.8 1 
E4 Phosporus–P 

%   0.6 0.5 0.5 0.5 0.50 

E5 Ash %  ≤ 8 8 8 8 8 
E6 Metionin %  0.70 0.55 0.45 0.40 0.25 
E7 Lizin %  1.30 1.00 0.70 0.60 0.50 
E8 Triptofan %  0.18 0.15 0.11 0.11 0.11 
E9 Treonin %  0.69 0.56 0.44 0.41 0.40 
E10 Izoleucin %  0.69 0.56 0.44 0.41 0.41 
E11 Histidin %  0.25 0.20 0.16 0.15 0.15 
E12 Valin %  0.69 0.56 0.44 0.41 0.41 
E13 Leucin %  0.83 0.68 0.52 0.48 0.48 
E14 Arginin %  0.28 0.23 0.18 0.16 0.16 
E15 Fenkalanin %  0.69 0.56 0.44 0.41 0.41 
E16 Copper mg  6 6 0 0 20 
E17 Iodine mg  0.20 0.20 0.20 0.20 0.20 
E18 Iron mg  80 80 0 0 80 
E19 Mangan mg  20 20 20 20 30 
E20 Sedan mg  0.10 0.10 0.10 0.10 0.10 

Table 4. Needs for nutrients 
 
The nutrients that have to be contained in the feed blend (in compliance with the 
requirements of nutritionists) are shown in the Table 4. In addition to that the table shows 
the nutritionists' requirements, for particular nutrients in the special blends prepared for 
five different categories of pigs. Some of the nutrients are given in terms of minimal and 
some in terms of maximal requirements.  
 The Table 5 is a nutrition matrix and its elements aik are the contents of particular nutrient in 
the feed unit. 
 
 
 
 
 
 
 
 
 
 

 

 H1 H2 H3 H4 H5 H6 H7 H8 H9 H10 H11 H12 H13 
E1 11.5 8.9 17.0 33 61 38 42 12 36 13.5 12.6 11.0 42 
E2 5.0 2.9 24.0 0.0 1.0 5.0 6.5 0.0 13.2 3.0 2.8 10.5 13.0 
E3 0.08 0.01 1.3 1.25 7.0 0.25 0.2 0.87 0.6 0.05 0.08 0.1 0.4 
E4 0.42 0.25 0.23 1.0 3.5 0.59 0.6 0.79 0.93 0.41 0.3 0.35 1.0 
E5 2.5 1.5 9.6 8.0 24 4.6 6.0 9.7 7.2 2.0 1.45 4.0 7.7 
E6 0.18 0.17 0.28 0.98 1.65 0.54 0.6 0.2 0.67 0.25 0.16 0.2 1.5 
E7 0.53 0.22 0.73 2.6 4.3 2.4 2.7 1.1 2.12 0.4 0.4 0.4 1.7 
E8 0.17 0.09 0.45 0.45 0.7 0.52 0.65 0.2 0.46 0.18 0.14 0.18 0.5 
E9 0.36 0.34 0.75 1.75 2.6 1.69 1.7 0.8 1.6 0.35 0.36 0.28 1.5 
E10 0.42 0.37 0.84 2.1 3.1 2.18 2.8 0.9 1.41 0.69 0.53 0.53 2.1 
E11 0.23 0.19 0.35 0.86 1.93 1.01 1.1 0.2 0.95 0.17 0.27 0.18 1.0 
E12 0.62 0.42 1.04 2.38 3.25 2.02 2.2 0.7 1.81 0.69 0.62 0.62 2.3 
E13 0.8 1.0 1.3 3.3 4.5 2.8 3.8 1.2 2.6 1.0 0.7 0.9 2.6 
E14 0.5 0.52 0.75 1.1 4.2 2.8 3.2 0.4 2.04 0.6 0.5 0.8 3.5 
E15 0.62 0.44 0.91 1.58 2.8 2.1 2.1 0.4 1.41 0.78 0.62 0.62 2.2 
E16 6 3.2 0 11.7 8 17 0 4 6 6 15 10 0 
E17 0.05 0 0 0.9 5.2 0 0 0 0.6 0.04 0.05 0.02 0 
E18 80 20 0 3 635 90 0 0 160 50 65 40 0 
E19 25 4.9 0 2 73 35 0 4.2 53 30 80 10 23 
E20 0.15 0.04 0 0.12 4.3 0 0 0 1 0.06 0.10 0.07 0 

Table 5. Nutrition matrix (aik) 
 
The data in the Table 5 are applied in optimization of feed blend production and are the 
same for each sort of feed blend (aik 1= aik2 = ... = aik5). 

 
4.2. Multiple criteria linear programming model for optimization of feed blend 
production 
Considering the data given in the above tables and the requirements of the decision maker a 
multicriteria linear programming model is formed in which the function of total production 
costs is minimized as well as the function of the total share of water in the feed blends, while 
the functions of the total share of nutrients and the total share of protein in the feed blends 
are maximized. Thus the following MLP model is formed: 
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Nutrients Constraint 
type 

Min or  
max   
req.  
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(bk1) 

Min or  
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(bk2) 

Min or  
max 
req. 

 PS-3 
(bk3) 

Min or  
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req. PS-
4 (bk4) 

Min or  
max   
req. 
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(bk5) 

E1 Raw protein %   20 18 16 14 13 
E2 Pulp %  ≤ 4 6 7 7 9 
E3 Calcium–Ca %  ≤ 1.2 1.1 0.9 0.8 1 
E4 Phosporus–P 

%   0.6 0.5 0.5 0.5 0.50 

E5 Ash %  ≤ 8 8 8 8 8 
E6 Metionin %  0.70 0.55 0.45 0.40 0.25 
E7 Lizin %  1.30 1.00 0.70 0.60 0.50 
E8 Triptofan %  0.18 0.15 0.11 0.11 0.11 
E9 Treonin %  0.69 0.56 0.44 0.41 0.40 
E10 Izoleucin %  0.69 0.56 0.44 0.41 0.41 
E11 Histidin %  0.25 0.20 0.16 0.15 0.15 
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Table 4. Needs for nutrients 
 
The nutrients that have to be contained in the feed blend (in compliance with the 
requirements of nutritionists) are shown in the Table 4. In addition to that the table shows 
the nutritionists' requirements, for particular nutrients in the special blends prepared for 
five different categories of pigs. Some of the nutrients are given in terms of minimal and 
some in terms of maximal requirements.  
 The Table 5 is a nutrition matrix and its elements aik are the contents of particular nutrient in 
the feed unit. 
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E1 11.5 8.9 17.0 33 61 38 42 12 36 13.5 12.6 11.0 42 
E2 5.0 2.9 24.0 0.0 1.0 5.0 6.5 0.0 13.2 3.0 2.8 10.5 13.0 
E3 0.08 0.01 1.3 1.25 7.0 0.25 0.2 0.87 0.6 0.05 0.08 0.1 0.4 
E4 0.42 0.25 0.23 1.0 3.5 0.59 0.6 0.79 0.93 0.41 0.3 0.35 1.0 
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E9 0.36 0.34 0.75 1.75 2.6 1.69 1.7 0.8 1.6 0.35 0.36 0.28 1.5 
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E14 0.5 0.52 0.75 1.1 4.2 2.8 3.2 0.4 2.04 0.6 0.5 0.8 3.5 
E15 0.62 0.44 0.91 1.58 2.8 2.1 2.1 0.4 1.41 0.78 0.62 0.62 2.2 
E16 6 3.2 0 11.7 8 17 0 4 6 6 15 10 0 
E17 0.05 0 0 0.9 5.2 0 0 0 0.6 0.04 0.05 0.02 0 
E18 80 20 0 3 635 90 0 0 160 50 65 40 0 
E19 25 4.9 0 2 73 35 0 4.2 53 30 80 10 23 
E20 0.15 0.04 0 0.12 4.3 0 0 0 1 0.06 0.10 0.07 0 

Table 5. Nutrition matrix (aik) 
 
The data in the Table 5 are applied in optimization of feed blend production and are the 
same for each sort of feed blend (aik 1= aik2 = ... = aik5). 

 
4.2. Multiple criteria linear programming model for optimization of feed blend 
production 
Considering the data given in the above tables and the requirements of the decision maker a 
multicriteria linear programming model is formed in which the function of total production 
costs is minimized as well as the function of the total share of water in the feed blends, while 
the functions of the total share of nutrients and the total share of protein in the feed blends 
are maximized. Thus the following MLP model is formed: 
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Nutrients Constraint 
type 

Min or  
max   
req.  
PS-1 
(bk1) 

Min or  
max   
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PS-2 
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Min or  
max 
req. 
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(bk3) 

Min or  
  max 
req. PS-
4 (bk4) 

Min or  
max   
req. 
PS-5 
(bk5) 

E1 Raw protein %   20 18 16 14 13 
E2 Pulp %  ≤ 4 6 7 7 9 
E3 Calcium–Ca %  ≤ 1.2 1.1 0.9 0.8 1 
E4 Phosporus–P 

%   0.6 0.5 0.5 0.5 0.50 

E5 Ash %  ≤ 8 8 8 8 8 
E6 Metionin %  0.70 0.55 0.45 0.40 0.25 
E7 Lizin %  1.30 1.00 0.70 0.60 0.50 
E8 Triptofan %  0.18 0.15 0.11 0.11 0.11 
E9 Treonin %  0.69 0.56 0.44 0.41 0.40 
E10 Izoleucin %  0.69 0.56 0.44 0.41 0.41 
E11 Histidin %  0.25 0.20 0.16 0.15 0.15 
E12 Valin %  0.69 0.56 0.44 0.41 0.41 
E13 Leucin %  0.83 0.68 0.52 0.48 0.48 
E14 Arginin %  0.28 0.23 0.18 0.16 0.16 
E15 Fenkalanin %  0.69 0.56 0.44 0.41 0.41 
E16 Copper mg  6 6 0 0 20 
E17 Iodine mg  0.20 0.20 0.20 0.20 0.20 
E18 Iron mg  80 80 0 0 80 
E19 Mangan mg  20 20 20 20 30 
E20 Sedan mg  0.10 0.10 0.10 0.10 0.10 
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The nutrients that have to be contained in the feed blend (in compliance with the 
requirements of nutritionists) are shown in the Table 4. In addition to that the table shows 
the nutritionists' requirements, for particular nutrients in the special blends prepared for 
five different categories of pigs. Some of the nutrients are given in terms of minimal and 
some in terms of maximal requirements.  
 The Table 5 is a nutrition matrix and its elements aik are the contents of particular nutrient in 
the feed unit. 
 
 
 
 
 
 
 
 
 
 

 

 H1 H2 H3 H4 H5 H6 H7 H8 H9 H10 H11 H12 H13 
E1 11.5 8.9 17.0 33 61 38 42 12 36 13.5 12.6 11.0 42 
E2 5.0 2.9 24.0 0.0 1.0 5.0 6.5 0.0 13.2 3.0 2.8 10.5 13.0 
E3 0.08 0.01 1.3 1.25 7.0 0.25 0.2 0.87 0.6 0.05 0.08 0.1 0.4 
E4 0.42 0.25 0.23 1.0 3.5 0.59 0.6 0.79 0.93 0.41 0.3 0.35 1.0 
E5 2.5 1.5 9.6 8.0 24 4.6 6.0 9.7 7.2 2.0 1.45 4.0 7.7 
E6 0.18 0.17 0.28 0.98 1.65 0.54 0.6 0.2 0.67 0.25 0.16 0.2 1.5 
E7 0.53 0.22 0.73 2.6 4.3 2.4 2.7 1.1 2.12 0.4 0.4 0.4 1.7 
E8 0.17 0.09 0.45 0.45 0.7 0.52 0.65 0.2 0.46 0.18 0.14 0.18 0.5 
E9 0.36 0.34 0.75 1.75 2.6 1.69 1.7 0.8 1.6 0.35 0.36 0.28 1.5 
E10 0.42 0.37 0.84 2.1 3.1 2.18 2.8 0.9 1.41 0.69 0.53 0.53 2.1 
E11 0.23 0.19 0.35 0.86 1.93 1.01 1.1 0.2 0.95 0.17 0.27 0.18 1.0 
E12 0.62 0.42 1.04 2.38 3.25 2.02 2.2 0.7 1.81 0.69 0.62 0.62 2.3 
E13 0.8 1.0 1.3 3.3 4.5 2.8 3.8 1.2 2.6 1.0 0.7 0.9 2.6 
E14 0.5 0.52 0.75 1.1 4.2 2.8 3.2 0.4 2.04 0.6 0.5 0.8 3.5 
E15 0.62 0.44 0.91 1.58 2.8 2.1 2.1 0.4 1.41 0.78 0.62 0.62 2.2 
E16 6 3.2 0 11.7 8 17 0 4 6 6 15 10 0 
E17 0.05 0 0 0.9 5.2 0 0 0 0.6 0.04 0.05 0.02 0 
E18 80 20 0 3 635 90 0 0 160 50 65 40 0 
E19 25 4.9 0 2 73 35 0 4.2 53 30 80 10 23 
E20 0.15 0.04 0 0.12 4.3 0 0 0 1 0.06 0.10 0.07 0 

Table 5. Nutrition matrix (aik) 
 
The data in the Table 5 are applied in optimization of feed blend production and are the 
same for each sort of feed blend (aik 1= aik2 = ... = aik5). 

 
4.2. Multiple criteria linear programming model for optimization of feed blend 
production 
Considering the data given in the above tables and the requirements of the decision maker a 
multicriteria linear programming model is formed in which the function of total production 
costs is minimized as well as the function of the total share of water in the feed blends, while 
the functions of the total share of nutrients and the total share of protein in the feed blends 
are maximized. Thus the following MLP model is formed: 
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Nutrients Constraint 
type 

Min or  
max   
req.  
PS-1 
(bk1) 

Min or  
max   
req.  
PS-2 
(bk2) 

Min or  
max 
req. 

 PS-3 
(bk3) 

Min or  
  max 
req. PS-
4 (bk4) 

Min or  
max   
req. 
PS-5 
(bk5) 

E1 Raw protein %   20 18 16 14 13 
E2 Pulp %  ≤ 4 6 7 7 9 
E3 Calcium–Ca %  ≤ 1.2 1.1 0.9 0.8 1 
E4 Phosporus–P 

%   0.6 0.5 0.5 0.5 0.50 

E5 Ash %  ≤ 8 8 8 8 8 
E6 Metionin %  0.70 0.55 0.45 0.40 0.25 
E7 Lizin %  1.30 1.00 0.70 0.60 0.50 
E8 Triptofan %  0.18 0.15 0.11 0.11 0.11 
E9 Treonin %  0.69 0.56 0.44 0.41 0.40 
E10 Izoleucin %  0.69 0.56 0.44 0.41 0.41 
E11 Histidin %  0.25 0.20 0.16 0.15 0.15 
E12 Valin %  0.69 0.56 0.44 0.41 0.41 
E13 Leucin %  0.83 0.68 0.52 0.48 0.48 
E14 Arginin %  0.28 0.23 0.18 0.16 0.16 
E15 Fenkalanin %  0.69 0.56 0.44 0.41 0.41 
E16 Copper mg  6 6 0 0 20 
E17 Iodine mg  0.20 0.20 0.20 0.20 0.20 
E18 Iron mg  80 80 0 0 80 
E19 Mangan mg  20 20 20 20 30 
E20 Sedan mg  0.10 0.10 0.10 0.10 0.10 

Table 4. Needs for nutrients 
 
The nutrients that have to be contained in the feed blend (in compliance with the 
requirements of nutritionists) are shown in the Table 4. In addition to that the table shows 
the nutritionists' requirements, for particular nutrients in the special blends prepared for 
five different categories of pigs. Some of the nutrients are given in terms of minimal and 
some in terms of maximal requirements.  
 The Table 5 is a nutrition matrix and its elements aik are the contents of particular nutrient in 
the feed unit. 
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E15 0.62 0.44 0.91 1.58 2.8 2.1 2.1 0.4 1.41 0.78 0.62 0.62 2.2 
E16 6 3.2 0 11.7 8 17 0 4 6 6 15 10 0 
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E18 80 20 0 3 635 90 0 0 160 50 65 40 0 
E19 25 4.9 0 2 73 35 0 4.2 53 30 80 10 23 
E20 0.15 0.04 0 0.12 4.3 0 0 0 1 0.06 0.10 0.07 0 

Table 5. Nutrition matrix (aik) 
 
The data in the Table 5 are applied in optimization of feed blend production and are the 
same for each sort of feed blend (aik 1= aik2 = ... = aik5). 

 
4.2. Multiple criteria linear programming model for optimization of feed blend 
production 
Considering the data given in the above tables and the requirements of the decision maker a 
multicriteria linear programming model is formed in which the function of total production 
costs is minimized as well as the function of the total share of water in the feed blends, while 
the functions of the total share of nutrients and the total share of protein in the feed blends 
are maximized. Thus the following MLP model is formed: 
Function of total costs  
 

13 5

1 1
1 1

(min) i q iq
i q

f c x
 

                                                                (19) 

 
Function of total nutrients 
 

13 5

2 2
1 1

(max) i q iq
i q

f c x
 

                                                               (20)  

 
 



Recent Advances in Technologies158

 

Function of total share of water  
 

13 5

3 3
1 1

(min) i q iq
i q

f c x
 

                                                                (21) 

 
Function of total raw protein 
 

13 5

4 4
1 1

(max) i q iq
i q

f c x
 

                                                           (22)  

                                                     s.t. 
 
Technological constraints 
 

13

1
ikq iq q kq

i
a x a b



    (k = 1, ..., 20; q = 1, ... ,5)                              (23) 

 
Ingredients availability constraint  
 

5

1
iq i

q
x d



 (i = 1, ..., 13)                                                               (24) 

 
Necessary quantities of feed blends 
 

13

1
iq q

i
x a



 (q = 1, ..., 5)                                                               (25) 

 
Non-negativity conditions 
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It means that model has 65 variables and 118 constraints and this model is first solved by 
optimization of each of the four criteria functions on the given set of constraints. In this way 
we obtain marginal solutions and the payoff table of marginal solutions. The values of 
variables for the obtained marginal solutions are shown in the following tables: 
 
 
 
 
 
 
 
 
 
 

 

 Minimization of total cost 

1ix  2ix  3ix  
4ix  5ix  

Barley 0 0 9878.172 8077.07 12044.76 
Maize 0 0 0 0 0 

Lucerne 0 0 0 2912.37 3235.943 
Powdered 

milk 
1750.432 0 0 0 0 

Fish meal 797.34 660.2048 158.3151 679.5731 311.4196 
Soya 0 176.9375 0 0 0 

Soya hulls 0 0 0 0 0 
Dried whey 0 0 0 0 0 

Rape 
pellets 

0 2059.813 7134.743 7972.742 2832.702 

Wheat 5767.513 0 10050.18 0 0 
Rye 0 12850.39 0 25574.43 1575.178 

Millet 0 0 0 0 0 
Sunflower 

pellets 
1684.617 4252.652 2778.591 4783.815 0 

Table 6. Marginal solution - min f1 

 

 Maximization of nutrients in the blend 

1ix  2ix  3ix  4ix  5ix  

Barley 0 0 0 0 0 
Maize 659.6186 6701.568 12720.87 28822.86 1095.092 

Lucerne 0 0 0 0 0 
Powdered 

milk 
4345 4611.989 1043.365 0 0 

Fish meal 903.6412 2263.838 3455.857 5475.34 639.2281 
Soya 0 0 2000 0 0 

Soya hulls 0 0 2000 0 0 
Dried whey 0 0 0 0 0 
Rape pellets 0 0 0 0 0 

Wheat 3999.23 6422.605 8669.662 13989.52 18265.68 
Rye 0 0 0 0 0 

Millet 0 0 0 0 0 
Sunflower 

pellets 
92.8638 0 110.25 1712.282 0 

Table 7. Marginal solution - max f2 
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It means that model has 65 variables and 118 constraints and this model is first solved by 
optimization of each of the four criteria functions on the given set of constraints. In this way 
we obtain marginal solutions and the payoff table of marginal solutions. The values of 
variables for the obtained marginal solutions are shown in the following tables: 
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optimization of each of the four criteria functions on the given set of constraints. In this way 
we obtain marginal solutions and the payoff table of marginal solutions. The values of 
variables for the obtained marginal solutions are shown in the following tables: 
 
 
 
 
 
 
 
 
 
 

 

 Minimization of total cost 

1ix  2ix  3ix  
4ix  5ix  

Barley 0 0 9878.172 8077.07 12044.76 
Maize 0 0 0 0 0 

Lucerne 0 0 0 2912.37 3235.943 
Powdered 

milk 
1750.432 0 0 0 0 

Fish meal 797.34 660.2048 158.3151 679.5731 311.4196 
Soya 0 176.9375 0 0 0 

Soya hulls 0 0 0 0 0 
Dried whey 0 0 0 0 0 

Rape 
pellets 

0 2059.813 7134.743 7972.742 2832.702 

Wheat 5767.513 0 10050.18 0 0 
Rye 0 12850.39 0 25574.43 1575.178 

Millet 0 0 0 0 0 
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pellets 
1684.617 4252.652 2778.591 4783.815 0 

Table 6. Marginal solution - min f1 

 

 Maximization of nutrients in the blend 

1ix  2ix  3ix  4ix  5ix  

Barley 0 0 0 0 0 
Maize 659.6186 6701.568 12720.87 28822.86 1095.092 

Lucerne 0 0 0 0 0 
Powdered 

milk 
4345 4611.989 1043.365 0 0 

Fish meal 903.6412 2263.838 3455.857 5475.34 639.2281 
Soya 0 0 2000 0 0 

Soya hulls 0 0 2000 0 0 
Dried whey 0 0 0 0 0 
Rape pellets 0 0 0 0 0 

Wheat 3999.23 6422.605 8669.662 13989.52 18265.68 
Rye 0 0 0 0 0 

Millet 0 0 0 0 0 
Sunflower 

pellets 
92.8638 0 110.25 1712.282 0 

Table 7. Marginal solution - max f2 
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 Minimization of water per ingredient unit 

1ix  2ix  3ix  4ix  5ix  
Barley 0 7305.556 0 8849.842 0 
Maize 0 0 0 0 0 

Lucerne 0 1320.187 0 5478.875 0 
Powdered 

milk 
1306.265 5171.465 0 2066.237 1456.033 

Fish meal 1315.917 1574.477 2610.556 2726.9 1817.3 
Soya 0 0 0 2000 0 

Soya hulls 0 0 0 0 0 
Dried whey 0 765.3964 0 4234.604 0 
Rape pellets 0 0 17567.21 7432.788 0 

Wheat 0 0 0 0 0 
Rye 5610.544 0 14822.23 15717.82 3849.409 

Millet 0 0 0 0 0 
Sunflower 

pellets 
1767.274 3862.528 0 1492.94 12877.26 

Table 8. Marginal solution - min  f3 

 
 Maximization of raw protein per ingredient unit 

1ix  2ix  3ix  4ix  5ix  
Barley 0 0 0 0 0 
Maize 0 0 0 0 0 

Lucerne 0 0 0 0 0 
Powdered 

milk 
3778.667 5537.011 0 0 684.323 

Fish meal 850.6279 1607.562 2775.259 4924.480 1899.625 
Soya 1903.325 96.6747 0 0 0 

Soya hulls 0 0 0 0 2000.000 
Dried whey 0 0 0 0 0 
Rape pellets 0 1951.010 9418.059 5954.299 2676.633 

Wheat 1544.320 4834.492 14858.050 39121.220 3584.363 
Rye 0 0 0 0 0 

Millet 0 0 0 0 0 
Sunflower 

pellets 
1923.060 5973.251 2948.632 0 9155.057 

Table 9. Marginal solution – max f4 

 
 
 
 
 
 
 

 

 f1 - min f2 - max f3 - min f4 - max 
*
1x  

257858 
(100.00% of *

1f ) 
9131010 

(88.93% of *
2f ) 

1312668 
(108.93% of *

3f ) 
2528896 

(69% of *
4f ) 

*
2x  

370412.9 
(143.65% of *

1f ) 
10267552 

(100.00% of *
2f ) 

1470209 
(122.01% of *

3f ) 
2724500 

(75% of *
4f ) 

*
3x  

384296.8 
(149.03% of *

1f ) 
9155563 

(89.17% of *
2f ) 

1205029 
(100.00% of *

3f ) 
2718333 

(74% of *
4f ) 

*
4x  

368014.4 
(143% of *

1f ) 
9765424 

(95% of *
2f ) 

1301827 
(108% of *

3f ) 
3648734 

(100% of *
4f ) 

Table 10. Payoff table 
 
The conflict of criteria functions is evident from the payoff table: optimization of the model 
by one of the given criteria functions results in an inadequate value of the other two criteria 
functions. This points to the fact that the model is a multicriteria model and that it is 
necessary to find a compromise non-dominated solution according to the decision maker's 
preferences.  
To solve this model we can use numerous multicriteria linear programming methods. To 
find a compromise solution we will here use the weight coefficient method. One may 
wonder why the weight coefficient method is appropriate for solution of the feed blend 
problem. The reason for that is that the application of this method eventually leads to better 
quality of company operation even though the costs for feed blend recipe are not minimal, 
as for example maximisation of nutrients contributes to the better nutritive value of the feed 
blend resulting in better weight gain or in lower feed blend quantity necessary to achieve 
the same weight gain. Also, lower share of water results in better performance through the 
feed quality (it is less perishable) and the lower quantity of feed necessary to obtain the 
required weight gain. Besides, the weight coefficient method is easy to use and the decision 
makers have a high degree of trust in it and the compromise solution obtained by its use. In 
their opinion this method maximizes the total utility function (Perić, 2008).  

 
4.3. Solving the model by weight coefficient method 
Applying this method on the data given in the Tables 3, 4 and 5 the following model is 
solved: 
 

0 * 0 * 0 * 0 *
1 1 1 2 2 2 3 3 3 4 4 4

0 0 0 013 5 13 5 13 5 13 5
1 2 3 4

1 2 3 4* * * *
1 1 1 1 1 1 1 1 1 1 1 11 2 3 4

(min) ( ) / ( ) / ( ) / ( ) /

i q iq i q iq i q iq i q iq
q q q q

f w f x f w f x f w f x f w f x f
w w w wc x c x c x c x
f f f f       

    

      
 

 s.t.                                                                                                                                      (27) 
 
Xx , 
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 Minimization of water per ingredient unit 

1ix  2ix  3ix  4ix  5ix  
Barley 0 7305.556 0 8849.842 0 
Maize 0 0 0 0 0 

Lucerne 0 1320.187 0 5478.875 0 
Powdered 

milk 
1306.265 5171.465 0 2066.237 1456.033 

Fish meal 1315.917 1574.477 2610.556 2726.9 1817.3 
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Wheat 0 0 0 0 0 
Rye 5610.544 0 14822.23 15717.82 3849.409 

Millet 0 0 0 0 0 
Sunflower 
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functions. This points to the fact that the model is a multicriteria model and that it is 
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To solve this model we can use numerous multicriteria linear programming methods. To 
find a compromise solution we will here use the weight coefficient method. One may 
wonder why the weight coefficient method is appropriate for solution of the feed blend 
problem. The reason for that is that the application of this method eventually leads to better 
quality of company operation even though the costs for feed blend recipe are not minimal, 
as for example maximisation of nutrients contributes to the better nutritive value of the feed 
blend resulting in better weight gain or in lower feed blend quantity necessary to achieve 
the same weight gain. Also, lower share of water results in better performance through the 
feed quality (it is less perishable) and the lower quantity of feed necessary to obtain the 
required weight gain. Besides, the weight coefficient method is easy to use and the decision 
makers have a high degree of trust in it and the compromise solution obtained by its use. In 
their opinion this method maximizes the total utility function (Perić, 2008).  
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where Xx  represents a set of model constraints (from 23 to 26), 0 0 0 0
1 2 3 4, , ,w w w w  represent 

the weight coefficients of the model, while 1 2 3 4, , andi q i q i q i qc c c c  represent the corresponding 
coefficients of criteria functions.  
To solve the model it is first necessary to determine the weight coefficients. We will 
determine them by the entropy method.  
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. The calculation results are 

shown in the following table:  
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1380582.10 38319549 5289733 11620463 

1 jp  0.186775 0.238286 0.248154 0.217624 

2 jp  0.268302 0.267946 0.277936 0.234457 

3 jp  0.278359 0.238927 0.227805 0.233926 

4 jp  0.266565 0.254842 0.246104 0.313992 
Table 11. Original and normalized values of the payoff table 
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ln m = ln 4 = 1.386294, so that 1 1 0.721348
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E1 =  0.72134752  (0.186775  ln 0.186775 + 0.268302  ln 0.268302 + 0.278359   ln 0.278359+  
     + 0.266565  ln 0.266565) = 0.991696, 
E2 = 0.999132, E3 = 0.998154, E4 = 0.992221. 
Further calculations are shown in the following table:  
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0.552355 0.028870 0.030698 0.388076  

Table 12. Calculated weight coefficients 
 
Solving the model by this method we obtain the following compromise solution: 
 

 
1ix  2ix  3ix  4ix  5ix  

Barley 0 0 0 0 10000.000 
Maize 0 8321.443 0 12811.220 3867.340 

Lucerne 0 1792.594 798.2579 6906.411 502.738 
Powdered 

milk 
2177.182 1988.912 0 833.907 0 

Fish meal 716.710 1853.135 89.373 1370.655 908.057 
Soya 0 1000.0000 0 0 0 

Soya hulls 0 0 0 1000.000 0 
Dried whey 0 0 0 0 0 
Rape pellets 0 0 7884.614 2115.386 0 

Wheat 0 0 13678.830 21321.170 0 
Rye 5205.502 1551.856 5146.733 0 3095.909 

Millet 0 1499.819 0 0 1562.145 
Sunflower 

pellets 
1900.607 1992.241 2402.083 3641.259 63.811 

Table 13. Compromise solution 
 

 f1 - min f2 - max f3 - min f4  - max 
1comx  295108.300 

(114.40% of *
1f ) 

9390745 
(91.46% of *

2f ) 
1358061 

(112.70% of *
3f ) 

2528896 
(69.31% of *

4f ) 
Table 14. Compromise solution: function values 
 
The decision maker may accept this solution as the preferred one. On the other hand, if he 
does not accept this compromise non-dominated solution, a wider set of non-dominated 
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Lucerne 0 1792.594 798.2579 6906.411 502.738 
Powdered 

milk 
2177.182 1988.912 0 833.907 0 

Fish meal 716.710 1853.135 89.373 1370.655 908.057 
Soya 0 1000.0000 0 0 0 

Soya hulls 0 0 0 1000.000 0 
Dried whey 0 0 0 0 0 
Rape pellets 0 0 7884.614 2115.386 0 

Wheat 0 0 13678.830 21321.170 0 
Rye 5205.502 1551.856 5146.733 0 3095.909 

Millet 0 1499.819 0 0 1562.145 
Sunflower 

pellets 
1900.607 1992.241 2402.083 3641.259 63.811 

Table 13. Compromise solution 
 

 f1 - min f2 - max f3 - min f4  - max 
1comx  295108.300 

(114.40% of *
1f ) 

9390745 
(91.46% of *

2f ) 
1358061 

(112.70% of *
3f ) 

2528896 
(69.31% of *

4f ) 
Table 14. Compromise solution: function values 
 
The decision maker may accept this solution as the preferred one. On the other hand, if he 
does not accept this compromise non-dominated solution, a wider set of non-dominated 
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compromise solutions has to be formed. This can be carried out solving the model (27) by 
varying weight coefficients. In our case the decision maker was not satisfied with the value 
of the function *

4f . Varying the subjectively selected criteria function weights 1 and 4  by 
0.05 ( 1  was reduced by 0.05 and 4  was increased by 0.05) leaving the subjectively selected 

2  and 3  unaltered we obtained two compromise solutions which in criteria function 
values are insignificantly different from the solution 1comx . The values of the subjectively 
selected weights, weight coefficients, and criteria functions for the insignificantly altered 
compromise solutions are shown in the following table: 
 

 1f  2f  3f  4f  

j  0.35 0.20 0.10 0.35 
01
jw  0.485431 0.028996 0.030833 0.454740 
01com

jf  295108.30 9390745 1358061 2528893 

j  0.30 0.20 0.10 0.40 
01
jw  0.417916 0.029124 0.030969 0.521991 
02com

jf  295108.60 9390752 1358062 2528897 
Table 15. Values of the subjectively chosen weights, weight coefficients and criteria 
functions 
 
For 1 0.25  , 2 0.20  , 3 0.10   i 4 0.45   we obtained the following compromise 
solution: 
 

 
1ix  2ix  3ix  4ix  5ix  

Barley 0 0 1256.199 8743.801 0 
Maize 0 0 0 25000.000 0 

Lucerne 0 1568.448 2538.671 0 5892.881 
Powdered 

milk 
2177.182 822.818 0 0 0 

Fish meal 716.710 1306.830 2656.165 3655.435 1664.861 
Soya 0 113.109 886.891 0 0 

Soya hulls 0 0 0 1000.000 0 
Dried whey 0 0 0 0 0 
Rape pellets 0 0 6638.633 3361.367 0 

Wheat 0 5152.585 16023.440 3485.665 10338.310 
Rye 5205.502 7690.550 0 0 2103.949 

Millet 0 0 0 0 0 
Sunflower 

pellets 
1900.607 3345.661 0 4753.732 0 

Table 16. Compromise solution – values of variables 
 
 

 

 f1 - min f2 - max f3 - min f4  - max 
j  0.25 0.20 0.10 0.45 
04
jw  0.349803 0.029253 0.031106 0.589838 
4comx  317950 

(123.30% of *
1f ) 

9369000 
(91.25% of *

2f ) 
1356200 

(112.55% of *
3f ) 

2738000 
(75.04% of *

4f ) 
Table 17. Compromise solution: function values 
 
The testing of the first compromise solution ( 1comx ) shows low sensitivity to changes in the 
decision maker's subjectively chosen weights. Namely, the increase in value of the 
subjectively chosen weight 1  from 0.40 to 0.65 with reduction in value of the  subjectively 
chosen weight 4  from 0.30 to 0.05 keeping the values of the subjectively chosen weights 

2 0.20   and 3 0.10   does not lead to any significant alteration in criteria function values. 
Consequently, with the constant values 2 0.20   and 3 0.10   criteria function values will 
not be significantly changed in the following intervals: 1 0.30, 0.65     i 4 0.40, 0.05    .  

Here we will briefly analyse the compromise solution 4comx   accepted by the decision maker 
as the preferred solution. The analysis of the obtained compromise solution shows that:  
 (1) the compromise solution contains eleven ingredients except dried whey and millet, 
 (2) to produce blends PS-1 and PS-5 it is necessary to use four different ingredients, for 
blends  PS-2 and PS-4 seven ingredients are needed, while for blends PS-3 six ingredients 
are needed. 
 (3) to produce the given feed blend quantity the available ingredients x1, ,x2, x3, x5, x6, x7, x9, 
and x13  are used up completely, while the ingredient  x4 is used by 60%, and the ingredients 
x8 and x12  are not used,  
(4) the number of used ingredients is increased by introduction of additional constraints that 
limit the share of a particular ingredient in the blend.  
Consequently, the analysis of marginal solutions and the obtained compromise solution 
shows the complexity of the feed blend optimization problem in the case when there are 
constraints in available ingredients. From the obtained compromise solution an optimal 
recipe can be calculated for each of the five blends. This is done dividing the obtained values 
xiq by the given blend quantity to be produced aq . 

We have here presented the possibility of application of only one multicriteria programming 
method. The research is to be continued to test the applicability of other multicriteria 
programming methods according to the adopted criteria. It is also necessary to investigate 
the possibility of incorporating the proposed model and methods into decision making 
support system designed for optimization of industrial production of feed blends. 

 
5. Conclusion 
 

Based on the above we can make some general conclusions:  
(a) Production of feed blends is essentially a complex multicriteria problem. 
(b) To solve the problem of feed blend optimisation an appropriate multiple criteria linear 

programming model is to be formed and one of the multiple criteria linear 
programming methods is to be applied to solve the obtained model. 
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programming model is to be formed and one of the multiple criteria linear 
programming methods is to be applied to solve the obtained model. 
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(c) Application of the linear programming model and methods requires investigation of 
criteria for optimization of feed blends, analysis of ingredients used in industrial 
production of feed blends, as well as continuous monitoring of its supply market and 
sale market. The success of optimization will depend on the quality of this 
information.  

(d) Solving the concrete problem of industrial production of feed blends by the weight 
coefficient method reveals the high degree of applicability of this method. However, 
since different methods start from different assumptions and in most cases give 
different compromise solutions, it is necessary to investigate the applicability of 
different multicriteria programming methods in solving the model of feed blend 
production. 

(e) Further research will have to investigate the possibility of designing a decision making 
support system in industrial production of feed blends that will include the proposed 
model and the most suitable method for its solving.  
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criteria for optimization of feed blends, analysis of ingredients used in industrial 
production of feed blends, as well as continuous monitoring of its supply market and 
sale market. The success of optimization will depend on the quality of this 
information.  

(d) Solving the concrete problem of industrial production of feed blends by the weight 
coefficient method reveals the high degree of applicability of this method. However, 
since different methods start from different assumptions and in most cases give 
different compromise solutions, it is necessary to investigate the applicability of 
different multicriteria programming methods in solving the model of feed blend 
production. 

(e) Further research will have to investigate the possibility of designing a decision making 
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1. Introduction 
 

The widespread use of computers has lead to important health concerns. Musculoskeletal 
disorders (MSDs) have become an epidemic and their association with computer use has been 
well documented (Gerr et al, 2002, Punnett & Bergqvist, 1997, Juul-Kristensen & Jensen, 2005). 
It is believed that in addition to the magnitude of biomechanical load the duration and 
frequency of the exposures are of importance in the development of MSDs (Winkel & 
Mathiassen, 1999, Kryger et al., 2003). In other words, there is a dynamic interaction between 
the exposures and the pathophysiological responses leading to the symptoms and disorders 
(Armstrong et al, 1993, Sauter & Swanson, 1995). A number of approaches have been taken in 
attempting to understand the risk and the course during computer work. However, there 
remain significant gaps in our knowledge about the dynamic changes of health outcomes in 
response to computer-related workload. It is challenging to tackle this problem from 
mathematical modelling due to both measurement techniques and analysis methodologies.  
From a measurement point of view, solo use of questionnaires may suffer from low accuracy 
of the estimated magnitude of the problem. On the other hand, measuring the exposures by 
observation or direct measures is expensive and therefore not feasible in large epidemiological 
studies (Winkel & Mathiassen, 1994). In this study, a combination of direct measure and 
survey techniques was adopted for data collection process. We have not seen this kind of data 
collection performed in the literature. Methodologically, no high muscular forces are needed in 
computer work and the postures are fairly constant. Traditional biomechanical models may 
not be applicable to such problems. Therefore, nearly all literature deals with risk factor issues 
through data collection and analysis. The data are often nonlinear. The application of linear 
models as primary tools, possibly, can not capture the complexity presented in the data in a 
static process, let alone a dynamic process. The interpretability of the model may be low.  
In mathematical modelling, one of the main objectives is to select a suitable model for analysis 
purposes. When coping with large size data with nonlinear features, as the ones resulting from 
many subjects in poorly understood process, we do not know in advance suitable models. 
Therefore, the first aim should be to discover dominant patterns so that the possible nonlinear 
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models can be easily identified. This chapter aims to fulfill such objectives. The following 
sections present a mathematical model to illustrate the kind of complicated data that have 
been successfully simulated, and to perform a systematic analysis of computer-related health 
outcomes statically and dynamically. 

 
2. Data 
 

Data were gathered by measurement device and self-administered questionnaire-diaries 
consisting of items presenting health outcomes for 15 body parts. The study population 
consisted of 103 office workers in Finland. They did office work for at least four hours a day 
and had reported a moderate amount of musculoskeletal symptoms. About 58% of the 
study population were woman. The data collection procedure was carried out in two-week 
periods before an intervention, and at the 2-month and 10-month follow-up. The software 
(Work-PaceTM, Niche Software Limited, New Zealand) was adopted to continuously 
monitor the workers' keyboard and mouse entries. The recorded files contain the exact 
history of keyboard and mouse events for each subject with an accuracy of ten milliseconds. 
Data were then summed up for indicating computer-related workload as a daily base. 
Simultaneously with the recordings of computer use the workers were asked to fill in a 
questionnaire-diary from current musculoskeletal-specific health outcome measures three 
times a day: in the morning, at noon and in the evening. The diary contained a body map 
diagram and questions about the existence of musculoskeletal discomfort in different body 
regions. Each item was assessed using 5-point rating scale from "5-feel good" to "1-feel very 
uncomfortable". A detailed description of the data collection procedures can be found in 
Ketola et al. 's paper (Ketola  et al., 2002). 
Due to some technical and human factors in the measurement and survey, there were holes 
in the collected data set. For some subjects, a large portion of data (up to 80%) was missing. 
Under this circumstance we couldn't include such subjects and the final number of the 
subjects was 69. Even for these 69 subjects, there were missing values in the dataset. Little 
and Rubin (Little & Rubin, 1987), among others, have demonstrated the dangers of simply 
deleting missing data cases. Imputation will most likely introduce bias into the model (e.g. 
Engels & Diehr, 2003). Another problem associated with the data was that the observation 
time periods varied with subjects and were short in general. Some subjects' data were 
collected for a single day and the maximum time duration was three weeks. Due to these 
shortcomings we decided to average the data to use a weekly model. Above all, we believe 
that long-term temporal variations may be superimposed to changes in weekly patterns.  
In addition, the responses of health outcomes or discomfort ratings were treated as 
continuous variables since they have continuous properties and distribution and there is no 
computation restriction against fitting continuous models to ordinal data. In clinical trials 
for example, investigators often need to deal with underlying continuous responses that are 
recorded as ordinal variables such as in our dataset. In some cases, it is possible that a 
continuous model may not be appropriate to ordinal outcomes even though it can fit the 
ordinal data. In our data, variables are continuous in nature and it is appropriate to treat 
them as continuous variable even though outcomes are ordinal due to the insufficient 
performance of measurement. Therefore, the following data process was made:  
 The health outcomes, denoted as discomfort ratings, for the morning, noon and afternoon 
were averaged as daily ratings; 

 

 The discomfort ratings were treated as interval values; 
 The discomfort ratings for the left and right parts of the body were combined by selecting 
the smaller rating value (more serious discomfort outcome); 
 The computer workload indicating the daily keyboard and mouse entries of the study 
subjects were accumulated from the starting date Monday. Missing data didn't contribute to 
the average. 

 
3. Mathematical Model 
 

A mathematical model was developed which describes the temporal associations between 
discomfort and computer-related workload in multiple body regions. The associations are 
formulated in an explicit dose-response relationship which is parametrized by body region 
parameters (Lu & Takala, 2008). The validation of the model gave a good accuracy. The 
model was further evaluated and confirmed by using commercialized statistical software 
package SAS. Therefore, we can use the model to assess the impact of computer-related 
work exposure on discomfort in different body regions in order to better understand the 
dynamic effects of computer workload. The stages of the proposed methodology, including 
basic concepts of Singular Value Decomposition (SVD), are briefly given as follows:  
 Generating a sample matrix from the dataset; 
Applying SVD to the matrix to capture the dominant temporal patterns; 
 Regressing towards the dominant temporal patterns; 
 Summarising the model equations; 
Applying standard statistical software to estimate both the standard errors of the 
parameters and the accuracy of the model. 

 
3.1 Generation of Sample Matrix 
Consider a sample mn matrix at generated from the data as 
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where aj(ti), j = 1...m & i = 1...n presents regional discomfort rating for sample j at time ti. The 
matrix may also present a single sample's measures with periodic patterns depending on the 
data structure and the study purpose.  

 
3.2 Application of Singular Value Decomposition 
Applying SVD (Golub & van Loan, 1996) to Equation 1 gives 
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models can be easily identified. This chapter aims to fulfill such objectives. The following 
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consisted of 103 office workers in Finland. They did office work for at least four hours a day 
and had reported a moderate amount of musculoskeletal symptoms. About 58% of the 
study population were woman. The data collection procedure was carried out in two-week 
periods before an intervention, and at the 2-month and 10-month follow-up. The software 
(Work-PaceTM, Niche Software Limited, New Zealand) was adopted to continuously 
monitor the workers' keyboard and mouse entries. The recorded files contain the exact 
history of keyboard and mouse events for each subject with an accuracy of ten milliseconds. 
Data were then summed up for indicating computer-related workload as a daily base. 
Simultaneously with the recordings of computer use the workers were asked to fill in a 
questionnaire-diary from current musculoskeletal-specific health outcome measures three 
times a day: in the morning, at noon and in the evening. The diary contained a body map 
diagram and questions about the existence of musculoskeletal discomfort in different body 
regions. Each item was assessed using 5-point rating scale from "5-feel good" to "1-feel very 
uncomfortable". A detailed description of the data collection procedures can be found in 
Ketola et al. 's paper (Ketola  et al., 2002). 
Due to some technical and human factors in the measurement and survey, there were holes 
in the collected data set. For some subjects, a large portion of data (up to 80%) was missing. 
Under this circumstance we couldn't include such subjects and the final number of the 
subjects was 69. Even for these 69 subjects, there were missing values in the dataset. Little 
and Rubin (Little & Rubin, 1987), among others, have demonstrated the dangers of simply 
deleting missing data cases. Imputation will most likely introduce bias into the model (e.g. 
Engels & Diehr, 2003). Another problem associated with the data was that the observation 
time periods varied with subjects and were short in general. Some subjects' data were 
collected for a single day and the maximum time duration was three weeks. Due to these 
shortcomings we decided to average the data to use a weekly model. Above all, we believe 
that long-term temporal variations may be superimposed to changes in weekly patterns.  
In addition, the responses of health outcomes or discomfort ratings were treated as 
continuous variables since they have continuous properties and distribution and there is no 
computation restriction against fitting continuous models to ordinal data. In clinical trials 
for example, investigators often need to deal with underlying continuous responses that are 
recorded as ordinal variables such as in our dataset. In some cases, it is possible that a 
continuous model may not be appropriate to ordinal outcomes even though it can fit the 
ordinal data. In our data, variables are continuous in nature and it is appropriate to treat 
them as continuous variable even though outcomes are ordinal due to the insufficient 
performance of measurement. Therefore, the following data process was made:  
 The health outcomes, denoted as discomfort ratings, for the morning, noon and afternoon 
were averaged as daily ratings; 

 

 The discomfort ratings were treated as interval values; 
 The discomfort ratings for the left and right parts of the body were combined by selecting 
the smaller rating value (more serious discomfort outcome); 
 The computer workload indicating the daily keyboard and mouse entries of the study 
subjects were accumulated from the starting date Monday. Missing data didn't contribute to 
the average. 

 
3. Mathematical Model 
 

A mathematical model was developed which describes the temporal associations between 
discomfort and computer-related workload in multiple body regions. The associations are 
formulated in an explicit dose-response relationship which is parametrized by body region 
parameters (Lu & Takala, 2008). The validation of the model gave a good accuracy. The 
model was further evaluated and confirmed by using commercialized statistical software 
package SAS. Therefore, we can use the model to assess the impact of computer-related 
work exposure on discomfort in different body regions in order to better understand the 
dynamic effects of computer workload. The stages of the proposed methodology, including 
basic concepts of Singular Value Decomposition (SVD), are briefly given as follows:  
 Generating a sample matrix from the dataset; 
Applying SVD to the matrix to capture the dominant temporal patterns; 
 Regressing towards the dominant temporal patterns; 
 Summarising the model equations; 
Applying standard statistical software to estimate both the standard errors of the 
parameters and the accuracy of the model. 

 
3.1 Generation of Sample Matrix 
Consider a sample mn matrix at generated from the data as 
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where aj(ti), j = 1...m & i = 1...n presents regional discomfort rating for sample j at time ti. The 
matrix may also present a single sample's measures with periodic patterns depending on the 
data structure and the study purpose.  

 
3.2 Application of Singular Value Decomposition 
Applying SVD (Golub & van Loan, 1996) to Equation 1 gives 
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models can be easily identified. This chapter aims to fulfill such objectives. The following 
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shortcomings we decided to average the data to use a weekly model. Above all, we believe 
that long-term temporal variations may be superimposed to changes in weekly patterns.  
In addition, the responses of health outcomes or discomfort ratings were treated as 
continuous variables since they have continuous properties and distribution and there is no 
computation restriction against fitting continuous models to ordinal data. In clinical trials 
for example, investigators often need to deal with underlying continuous responses that are 
recorded as ordinal variables such as in our dataset. In some cases, it is possible that a 
continuous model may not be appropriate to ordinal outcomes even though it can fit the 
ordinal data. In our data, variables are continuous in nature and it is appropriate to treat 
them as continuous variable even though outcomes are ordinal due to the insufficient 
performance of measurement. Therefore, the following data process was made:  
 The health outcomes, denoted as discomfort ratings, for the morning, noon and afternoon 
were averaged as daily ratings; 
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where aj(ti), j = 1...m & i = 1...n presents regional discomfort rating for sample j at time ti. The 
matrix may also present a single sample's measures with periodic patterns depending on the 
data structure and the study purpose.  
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where columns ui and vi of U and V are called the left and right singular vectors, 
respectively. The diagonal elements di of D, sorted in the descending order with upper left 
value the largest, are called the singular values. The singular values are the square roots of 
the eigenvalues of the matrix at atT or atTat whilst the singular vectors are the correspondent 
eigenvectors 

One key in applying SVD is that the truncated matrix 
1

r
T

i i it
i
u d v


 is the closest rank-r 

matrix to at (Golub &Van Loan 1996). Note that r is always smaller than both m and n. This 
property is extremely useful when r is much smaller than n. In practical applications, di, n i 
 r+1, may not be zero due to the presence of noise such as individual disturbances in the 
measurement data, but they are very close to zero. Then by dropping the last n-r singular 
values, a good approximation of at is obtained with an r dimensional matrix. The 
corresponding singular values can be used as a measure of relative significance of the 
approximation for explaining at. Very often, a good matrix approximation can be obtained 
with only a small fraction of the singular values.  
Applying Equation 1 and Equation 2 to our measurement data and checking the rank of at, 
we found that r = 1 and the approximation u1d1v1tT can explain 90% of the variation of at. So 
we get the following approximation 
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  u1d1v1tT = u vtT (3) 

 

where u = u1=  1 2 ( 1)...
T

m mu u u u  and  vt = d1v1t = (v(t1), v(t2) ... v(tn-1), v(tn))T.  

It is easy to see that a time-dependent model problem at is simplified through Equation 3. 
The time series outcomes for all subjects are expressed in terms of the time series vt with 
linear combination coefficients of the elements of u which describe the differences among all 
subjects. Therefore, vt presents the captured dominant time pattern and u the individual 
sample differences. The next step deals with the regression of vt and at. 

 
3.3 Regression of the Dominant Patterns   
To test whether the captured dominant time pattern vt is linear or nonlinear or just random 
noise, we plotted vt and made a visual inspection in data variability and goodness of fit 
through regression analysis. We found that vt obeys a certain nonlinear properties. A dose-
response relation was identified and proved to be significant. It is worth mentioning that 
this way, by incorporating visual inspection of the plotted curve and nonlinear regression 
analysis, can reduce the potential errors introduced especially by large unseen data.  
The regression function a(t) of at can then be obtained based on the regression function v(t) 
of vt through Equation 3 as 
 

 

a(t)  u v(t) (4) 
 
To make Equation 4 more clear, remember the following point: a(t) denotes the regional 
discomfort ratings in continuous time, v(t) the dominant dynamic patterns and u the 
correspondent linear coefficient vector which presents kind of 'individual differences' of the 
outcomes in response to the dominant pattern. The final model equation can be derived by 
averaging u over the studied time period as 
 

( )a t    u v(t) (5) 

 
3.4 Summary of the Model Equations   
To summarise, here are the key features of the model equations: 
Computer-related workload: The computer-related workload varied linearly with time. 
This simple linear dependence suggests that it is adequate to study time-dependent health 
outcomes as the result can be easily applied to workload-induced behaviour; 
Health outcomes: The developed explicit model equations can be expressed with the 
following general functional form from Equation 5 as 
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where ( )a t  presents the musculoskeletal discomfort rating ranged from 1 to 5 and 1, 2, 3 
are body region dependent parameters. Equation 6 is parametrized by body region 
parameters; 
  Model validation: The validation is performed by direct comparison of observations and 
forecast as illustrated in Figure 1. The accuracy is good. 
 

0

1

2

3

4

5

6

D
is

co
m

fo
rt

 R
at

in
g 

of
 'E

ye
s'

observed

predicted 95% confidence interval

Simulation period Forecast 
period

 
Fig. 1. Simulation and forecast of discomfort ratings (5 = 'feel good', 1 = 'feel very uncomfortable') 
in body region 'eyes' for an individual subject. Based on the measured ratings during the first 
period ('Simulation period') a forecast was fitted (stars) and compared to observations (circles). 
The horizontal dotted lines show the 95% confidence limits for the predicted period 
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3.3 Regression of the Dominant Patterns   
To test whether the captured dominant time pattern vt is linear or nonlinear or just random 
noise, we plotted vt and made a visual inspection in data variability and goodness of fit 
through regression analysis. We found that vt obeys a certain nonlinear properties. A dose-
response relation was identified and proved to be significant. It is worth mentioning that 
this way, by incorporating visual inspection of the plotted curve and nonlinear regression 
analysis, can reduce the potential errors introduced especially by large unseen data.  
The regression function a(t) of at can then be obtained based on the regression function v(t) 
of vt through Equation 3 as 
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To make Equation 4 more clear, remember the following point: a(t) denotes the regional 
discomfort ratings in continuous time, v(t) the dominant dynamic patterns and u the 
correspondent linear coefficient vector which presents kind of 'individual differences' of the 
outcomes in response to the dominant pattern. The final model equation can be derived by 
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3.4 Summary of the Model Equations   
To summarise, here are the key features of the model equations: 
Computer-related workload: The computer-related workload varied linearly with time. 
This simple linear dependence suggests that it is adequate to study time-dependent health 
outcomes as the result can be easily applied to workload-induced behaviour; 
Health outcomes: The developed explicit model equations can be expressed with the 
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where ( )a t  presents the musculoskeletal discomfort rating ranged from 1 to 5 and 1, 2, 3 
are body region dependent parameters. Equation 6 is parametrized by body region 
parameters; 
  Model validation: The validation is performed by direct comparison of observations and 
forecast as illustrated in Figure 1. The accuracy is good. 
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Fig. 1. Simulation and forecast of discomfort ratings (5 = 'feel good', 1 = 'feel very uncomfortable') 
in body region 'eyes' for an individual subject. Based on the measured ratings during the first 
period ('Simulation period') a forecast was fitted (stars) and compared to observations (circles). 
The horizontal dotted lines show the 95% confidence limits for the predicted period 
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where columns ui and vi of U and V are called the left and right singular vectors, 
respectively. The diagonal elements di of D, sorted in the descending order with upper left 
value the largest, are called the singular values. The singular values are the square roots of 
the eigenvalues of the matrix at atT or atTat whilst the singular vectors are the correspondent 
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values, a good approximation of at is obtained with an r dimensional matrix. The 
corresponding singular values can be used as a measure of relative significance of the 
approximation for explaining at. Very often, a good matrix approximation can be obtained 
with only a small fraction of the singular values.  
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we found that r = 1 and the approximation u1d1v1tT can explain 90% of the variation of at. So 
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To test whether the captured dominant time pattern vt is linear or nonlinear or just random 
noise, we plotted vt and made a visual inspection in data variability and goodness of fit 
through regression analysis. We found that vt obeys a certain nonlinear properties. A dose-
response relation was identified and proved to be significant. It is worth mentioning that 
this way, by incorporating visual inspection of the plotted curve and nonlinear regression 
analysis, can reduce the potential errors introduced especially by large unseen data.  
The regression function a(t) of at can then be obtained based on the regression function v(t) 
of vt through Equation 3 as 
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To make Equation 4 more clear, remember the following point: a(t) denotes the regional 
discomfort ratings in continuous time, v(t) the dominant dynamic patterns and u the 
correspondent linear coefficient vector which presents kind of 'individual differences' of the 
outcomes in response to the dominant pattern. The final model equation can be derived by 
averaging u over the studied time period as 
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3.4 Summary of the Model Equations   
To summarise, here are the key features of the model equations: 
Computer-related workload: The computer-related workload varied linearly with time. 
This simple linear dependence suggests that it is adequate to study time-dependent health 
outcomes as the result can be easily applied to workload-induced behaviour; 
Health outcomes: The developed explicit model equations can be expressed with the 
following general functional form from Equation 5 as 
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where ( )a t  presents the musculoskeletal discomfort rating ranged from 1 to 5 and 1, 2, 3 
are body region dependent parameters. Equation 6 is parametrized by body region 
parameters; 
  Model validation: The validation is performed by direct comparison of observations and 
forecast as illustrated in Figure 1. The accuracy is good. 
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Fig. 1. Simulation and forecast of discomfort ratings (5 = 'feel good', 1 = 'feel very uncomfortable') 
in body region 'eyes' for an individual subject. Based on the measured ratings during the first 
period ('Simulation period') a forecast was fitted (stars) and compared to observations (circles). 
The horizontal dotted lines show the 95% confidence limits for the predicted period 
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where ( )a t  presents the musculoskeletal discomfort rating ranged from 1 to 5 and 1, 2, 3 
are body region dependent parameters. Equation 6 is parametrized by body region 
parameters; 
  Model validation: The validation is performed by direct comparison of observations and 
forecast as illustrated in Figure 1. The accuracy is good. 
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Fig. 1. Simulation and forecast of discomfort ratings (5 = 'feel good', 1 = 'feel very uncomfortable') 
in body region 'eyes' for an individual subject. Based on the measured ratings during the first 
period ('Simulation period') a forecast was fitted (stars) and compared to observations (circles). 
The horizontal dotted lines show the 95% confidence limits for the predicted period 
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3.5 Application of Standard Statistical Software 
Next we evaluate the standard errors of the model parameters and the accuracy of the 
model through commercial statistics based software packages SAS. SAS's procedure PROC 
NLMIXED was employed which addresses the sequential correlation issue directly by 
modelling the covariance structure. Table 1 gives these parameter values (Lu & Takala, 
2008). As a single dose-response model could not be fitted to all the curves, the data for the 
outcome 'mood' were modelled separately with an extra exponential function represented 
through the parameters 4 and 5. The parameters 4 and 5 were not statistically discernible 
at the 5 percent probability level and therefore were eliminated from the model. The 
goodness-of-fit tests (result not shown here) for the model also demonstrated that the 
proposed model (Equation 6) performed better than the linear model, the most common 
model in handling such data. Figure 2 displays the model )(ta  for 15 body parts ranged 
from 1 to 5. The x-axis represents time in days or scaled computer-related workload due to 
their linear relationship.  
 

Body regions a1 (SE) a2(SE) a3(SE) a4(SE)  a5(SE) 
head 3.87***(0.08) 4.00*** (0.08) 2.63***(0.38) - - 
eyes 3.72***(0.09) 3.89***(0.10) 2.29***(0.49) - - 
neck 3.58***(0.10) 3.74***(0.10) 2.19***(0.38) - - 

shoulder 3.64***(0.10) 3.77***(0.10) 2.25***(0.39) - - 
shoulder joint/ 

upper arm 3.75***(0.10) 3.87***(0.10) 2.63***(0.48) - - 

forearm 4.02***(0.10) 4.07***(0.10) 3.15**(1.33) - - 
wrist 4.02***(0.10) 4.09***(0.10) 3.73***( 0.65) - - 

fingers 3.99***(0.11) 4.07***(0.11) 3.83***(0.41) - - 
upper back 3.75***(0.11) 3.87***(0.11) 2.78***(0.38) - - 

low back 3.84***(0.11) 3.89***(0.11) 3.43***(1.06) - - 
hips 4.29***(0.09) 4.30***(0.09) 3.51***(1.24) - - 

thighs 4.30***(0.09) 4.32***(0.10) 3.44***(1.37) - - 
knees/shin 4.21***(0.11) 4.26***(0.11) 3.72***(0.63) - - 

feet 4.18***(0.10) 4.23***(0.10) 4.14***(0.93) - - 
mood 4.04***(0.79) 3.57***(0.49) 2.88***(0.39) 0.41(0.77) 0.41(0.61) 

Table 1. Fitted parameters a1 a2 a3 a4 a5 in model equations (Equation 6) for dose – response 
relationship (SE-standard error; ***p<0.001; **p<0.05) 
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Fig. 2. Discomfort ratings in different body regions (Y-axis: 5 = 'feel good, 1 = 'feel very 
uncomfortable'; X-axis: 1 = 'Monday', 5 = 'Friday') 

 
4. Analysis Results 
 

Using the developed model, we performed extensive investigations of the health outcomes. 
We compared the risk body regions and provided various severity rankings of the discomfort 
rate changes with respect to computer-related workload statically and dynamically. 
 
4.1 Average Ranking of Discomfort Severities 
Firstly we performed two Waller-Duncan k-ratio t tests for ( )a t  (Equation 6 and Figure 2) in 
order to investigate detailed contrast of the health outcomes in different body regions. Table 
2 shows the results.  
 

Waller Grouping Mean Locations 
6 4.58 mood 
   

5 4.31 thighs 
5 4.30 hips 
5 4.24 knees/shin 
5 4.22 feet 
   

4 4.07 wrist 
4 4.05 forearm 
4 4.04 fingers 
   

3 3.93 head 
3 3.87 low back 
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2 3.80 upper back 
2 3.80 shoulder joint/upper arm 
2 3.78 eyes 
   

1 3.67 shoulders 
1 3.63 neck 

Table 2. Average ranking of discomfort severities in different body regions 
 
The results show that the severity levels of musculoskeletal discomfort can be grouped into 
the following categories roughly from severe to moderate as  
 level 1: neck and shoulder;  
 level 2: eyes, shoulder joint/upper arm and upper back; 
 level 3: low back and head; 
 level 4: fingers, forearm and wrist; 
 level 5: feet, knees/shin, hips and thighs;  
 level 6: mood.  
Note that this testing is for multiple means comparison which probably has too rough 
classification results for nonlinear data. In the following we give a much more detailed 
classification scheme for the severity levels of musculoskeletal discomfort. 

 
4.2 Average Weekly Changing of Discomfort Severities 
Regarding to weekly severity changes over time, Table 3 demonstrates some of the 
elementary evaluations: weekly change rates and weekly changes with respect to initial 
discomfort rates. Using these two parameters, we perform another Waller-Duncan k-ratio t 
test and the results show that the dynamic changes of discomfort ratings can be grouped 
into two categories:  
 bigger change group: mood, neck, eyes, head, shoulder, shoulder joint/upper arm and 
upper back;  
 smaller change group:  fingers, wrist, low back, forearm, knees/shin, feet, thighs and hips.  
This result implies that computer-related workload is more likely to be associated with 
upper extremity symptoms. The discomfort ratings of hips and thighs keep nearly constants 
over the working week meaning that practically no association between the computer-
related workload and fatigue symptoms in these body regions. A weak association exists 
between the computer-related workload and fatigue symptoms in fingers, wrist, low back, 
forearm, knees/shin and feet. 
 

Body regions Weekly change Weekly change/initial discomfort rating 

head 0.126 0.032 
eyes 0.126 0.042 
neck 0.150 0.040 

shoulder 0.123 0.033 
shoulder joint/upper arm 0.117 0.030 

forearm 0.049 0.012 

 

wrist 0.066 0.016 
fingers 0.075 0.018 

upper back 0.117 0.030 
low back 0.049 0.012 

hips 0.010 0.002 
thighs 0.019 0.004 

knees/shin 0.047 0.011 
feet 0.044 0.010 

mood 0.948 0.019 
Table 3. Weekly changes of discomfort ratings in different body regions 

 
4.3 Dynamic Weekly Changing of Discomfort Severities 
Recall that the dose-response relation between the time and discomfort ratings has been 
described in Equation 6 with three parameters a1, a2, a3, dependent on body regions as listed 
in Table 1. The model parameters have biological meanings, supposing accumulated fatigue 
due to the exposures leading to discomfort. We give biological interpretations in this 
section.  
Firstly, a3 in Equation 6 describes the halfway result of the discomfort ratings from Monday 
(t = 1) to Friday (t = 5). Take the body region 'neck' as an example, Table 1 shows that at 2.19 
days the discomfort level is half of the levels at Monday and Friday which presents the 
minimum value. This means that neck gets tired much quicker than other body regions. The 
halfway results of the studied body regions in increasing order are: neck (2.19 days), 
shoulder (2.25 days), eyes (2.29 days), head (2.63 days), shoulder joint/upper arm (2.63 
days), upper back (2.78 days), mood (2.88 days), forearm (3.15 days), low back (3.43 days), 
thighs (3.44 days), hips (3.51 days), knees/shin (3.72 days), wrist (3.73 days), fingers (3.83 
days) and feet (4.14 days). The order is consistent with Table 2 and many published reports. 
Note that such halfway outcome for feet appears at the day 4.14 which means that no 
discomfort or a little discomfort was developed in feet among the study subjects.  
 Secondly, for the change rates of discomfort ratings during the working week presented as 
a2 - a1, the rate for eyes decreases maxima unit of 0.17. This means the resulting weekly 
discomfort appear to be maximum in eyes. More results of such evaluations are illustrated 
in Table 4. The decreased units of discomfort ratings in descending order are: eyes (0.17), 
neck (0.16), head (0.13), shoulder (0.13), shoulder joint/upper arm (0.12), upper back (0.12), 
fingers (0.08), wrist (0.07), low back (0.05), forearm (0.05), knees/shin (0.05), feet (0.05), 
thighs (0.02), hips (0.01) and mood (-0.47). 
 

Body regions a2 - a1 
eyes 0.17 
neck 0.16 
head 0.13 

shoulder 0.13 
shoulder joint/upper arm 0.12 

upper back 0.12 
fingers 0.08 
wrist 0.07 
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 bigger change group: mood, neck, eyes, head, shoulder, shoulder joint/upper arm and 
upper back;  
 smaller change group:  fingers, wrist, low back, forearm, knees/shin, feet, thighs and hips.  
This result implies that computer-related workload is more likely to be associated with 
upper extremity symptoms. The discomfort ratings of hips and thighs keep nearly constants 
over the working week meaning that practically no association between the computer-
related workload and fatigue symptoms in these body regions. A weak association exists 
between the computer-related workload and fatigue symptoms in fingers, wrist, low back, 
forearm, knees/shin and feet. 
 

Body regions Weekly change Weekly change/initial discomfort rating 

head 0.126 0.032 
eyes 0.126 0.042 
neck 0.150 0.040 

shoulder 0.123 0.033 
shoulder joint/upper arm 0.117 0.030 

forearm 0.049 0.012 

 

wrist 0.066 0.016 
fingers 0.075 0.018 

upper back 0.117 0.030 
low back 0.049 0.012 

hips 0.010 0.002 
thighs 0.019 0.004 

knees/shin 0.047 0.011 
feet 0.044 0.010 

mood 0.948 0.019 
Table 3. Weekly changes of discomfort ratings in different body regions 

 
4.3 Dynamic Weekly Changing of Discomfort Severities 
Recall that the dose-response relation between the time and discomfort ratings has been 
described in Equation 6 with three parameters a1, a2, a3, dependent on body regions as listed 
in Table 1. The model parameters have biological meanings, supposing accumulated fatigue 
due to the exposures leading to discomfort. We give biological interpretations in this 
section.  
Firstly, a3 in Equation 6 describes the halfway result of the discomfort ratings from Monday 
(t = 1) to Friday (t = 5). Take the body region 'neck' as an example, Table 1 shows that at 2.19 
days the discomfort level is half of the levels at Monday and Friday which presents the 
minimum value. This means that neck gets tired much quicker than other body regions. The 
halfway results of the studied body regions in increasing order are: neck (2.19 days), 
shoulder (2.25 days), eyes (2.29 days), head (2.63 days), shoulder joint/upper arm (2.63 
days), upper back (2.78 days), mood (2.88 days), forearm (3.15 days), low back (3.43 days), 
thighs (3.44 days), hips (3.51 days), knees/shin (3.72 days), wrist (3.73 days), fingers (3.83 
days) and feet (4.14 days). The order is consistent with Table 2 and many published reports. 
Note that such halfway outcome for feet appears at the day 4.14 which means that no 
discomfort or a little discomfort was developed in feet among the study subjects.  
 Secondly, for the change rates of discomfort ratings during the working week presented as 
a2 - a1, the rate for eyes decreases maxima unit of 0.17. This means the resulting weekly 
discomfort appear to be maximum in eyes. More results of such evaluations are illustrated 
in Table 4. The decreased units of discomfort ratings in descending order are: eyes (0.17), 
neck (0.16), head (0.13), shoulder (0.13), shoulder joint/upper arm (0.12), upper back (0.12), 
fingers (0.08), wrist (0.07), low back (0.05), forearm (0.05), knees/shin (0.05), feet (0.05), 
thighs (0.02), hips (0.01) and mood (-0.47). 
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fingers 0.08 
wrist 0.07 
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Table 2. Average ranking of discomfort severities in different body regions 
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low back 0.05 
forearm 0.05 

knees/shin 0.05 
feet 0.05 

thighs 0.02 
hips 0.01 

mood -0.47 
Table 4. Dynamic weekly changes of discomfort ratings in different body regions 
 
An interesting result is obtained for the discomfort rating 'mood' with negative sign which 
means that the discomfort severity of mood decreases during the week. The office staff 
tended to be in much better moods during the weekend Friday. The result seems to be 
rational based on our common knowledge. 

 
4.4 More Findings 
Take the body regions 'neck' and 'eyes' as an example, we can find that the faster fatigue rate 
is discovered in neck, however eyes has the largest discomfort change over weekly time due 
to the nonlinearity of the week change for discomfort rates. This implies that the fatigue rate 
is faster in neck at the beginning of the week and gradually slows down over the week, or in 
another word the fatigue rate of eyes is faster at the end of week when comparing neck and 
eyes. This conclusion is also valid to the discomfort ratings of the following body site pairs 
with the same dynamic behavior: shoulder and eyes, see some examples displayed in Table 5. 
 

Faster fatigue change in 
early week 

Faster fatigue change in late week 

neck eyes 
shoulders eyes 
shoulders head 
forearm low back 

low back, forearm fingers, wrist 
thighs fingers, wrist, knees/shin, feet 

hip fingers, wrist, knees/shin, feet 
Table 5. Comparison of weekly change rates of discomfort ratings in different body regions 

 
5. Conclusion 
 

We obtained a model that represents functional variations of discomfort levels of different 
body sites associated with computer-related workload. The advantages with such explicitly 
functional model over ‘black box’ of risk factor models are enormous. The explicit-formed 
model can provide an insight into dynamic interplay between time duration, workload and 
health outcomes. For example, an implication of the model is that the discomforts of eyes 
and neck, compared with other body regions, are maximal regarding to the changes of 
severity over time. It is, therefore, easy to see that the study of such interplay can lead to 
better understanding of biological responses to workload over time among office workers. 
This kind of modelling might help in the identification of potentials for the prevention of 

 

MSDs. There is scarce information in literature that deals with the dynamic relationship 
between health outcomes and computer-related workload due to the involvement of many 
unknown social psychological and individual factors. This chapter makes a contribution to 
such research.  
The application of the proposed model to the systematic analysis of dynamic changes of 
health outcomes, represented as discomfort ratings, in head, eyes, neck, shoulder, arms and 
almost all body regions, in response to computer-related workload among the office 
workers were illustrated. It was discovered that the highest average severity level of the 
discomfort existed in neck, shoulder, eyes, shoulder joint/upper arm, upper back, low back 
and head etc. The biggest weekly changes of discomfort rates were in eyes, neck, head, 
shoulder, shoulder joint/upper arm and upper back etc. The fastest discomfort rate was 
found in neck, followed by shoulder, eyes, head, shoulder joint/upper arm and upper back 
etc. It is obvious that analysis of cross-sectional data, which is the most common technique 
in such research, cannot provide such broad findings especially related to dynamic changes. 
Several limitations need to be considered. Firstly, the size of the study population was not 
large. Missing data existed in the dataset especially for the survey data of the 
musculoskeletal outcomes. Moreover, collection of time series of these data was short and 
the sample sizes varied very much in the dataset. The longest duration was three weeks. The 
collected time duration varied a lot and it was impossible to select common time duration 
for all the subjects. Therefore our study was limited for weekly model only. However, in 
practice, people get recovery during the weekends. So the musculoskeletal discomfort often 
demonstrates periodic properties during the working weeks. Hence, a weekly model should 
be enough. Secondly, assessment of the computer-related workload on the basis of 
cumulative duration of keystrokes and mouse clicks was somewhat crude. In this study, the 
study population consisted of secretaries, technicians, architects and engineers etc. whose 
work composed of multiple tasks, each of them with its own specific exposure profile. The 
associations with work-related exposures occurring as use of keyboard or mouse in 
combination with other tasks should be considered in future studies. Our exposure 
measurement did not include environmental factors that can have effects on discomfort on 
different body regions. Thirdly, self-reported response for musculoskeletal outcomes was 
adopted. The self-reports might be prone to response error.  
In spite of these limitations of the available data, a broad of findings were found and most of 
them are consistent with the literature (Lu et al., 2009). In a review of the literature, we did 
not find any single report that covered such broad spectrum of investigations. The findings 
provide important addition to the available literature.  
Finally, the mathematical methodology described in this chapter can be easily extended to 
accommodate more complicated medical data such as (i) rank r of the sample matrix is 
bigger than 1. Then more terms have to be added in Equation 3. The calculation load is 
small. For example, the main calculation procedures, SVD for example, contain only a few 
lines of code in MATLAB. The proposed methodology is a flexible and broadly applicable 
one, which can be utilized by a variety of research. 
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1. Introduction 
 

Bond graph was established by Paynter (Paynter, 1961). The idea was developed by 
Karnopp (Karnopp et al., 2000) and Wellstead (Wellstead, 1979) how a powerful tool of 
modelling. The main key of the bond graph methodology is: a model containing the 
energetic junction structure, i.e. the system architecture; different energy domains are 
covered and the coupling of subsystems are allowed; the cause of effect relations of each 
element are obtained graphically; and the state variables have a physical meaning. 
Our main motivation is to apply the bond graph methodology to model a hydroelectric 
plant and connect to electrical power system. This methodology allows to use a variety of 
energy types (hydraulic, mechanical and electrical sections). 
Firstly, bond graph theory is introduced by (Paynter, 1961) modelling a basic hydroelectric 
plant. 
In (Kundur, 1994) and (Anderson, 1977) describe the modelling of a hydroelectric using 
block diagrams and each block contains the transfer function. However, if it is necessary to 
change the connection of the elements or introduce new elements or reduce the model, this 
is difficult. Also, the analysis and control of a hydroelectric plant using block diagrams and 
simulation are obtained in (Irie et al., 1992) and (Arnautovic & Skataric, 1991). In (Pedersen, 
2007) a bond graph approach is taken to model the power system on board a supply vessel. 
Therefore, the contribution of this paper is to propose a bond graph model of a power 
system using kinetic energy water and determining the controllability and steady state 
analysis. 
In section 2 describes the basic elements of the bond graph model. In section 3, a bond graph 
model of a hydroelectric plant is proposed. The steady state of the system is presented in 
section 4. Also, the controllability of the system is described in section 5. Section 6 shows the 
simulations of the system and finally the conclusions are given in section 7. 

 
2. Modelling in Bond Graph 
 

Consider the following scheme of a multiport system which includes the key vectors of Fig. 
1 (Wellstead, 1979; Sueur & Dauphin-Tanguy, 1991). 
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Fig. 1. Key vectors of a bond graph. 
 
In Fig. 1,  ,e fMS MS ,  ,C I  and  R  denote the source, the energy storage and the energy 

dissipation fields,  D  the detector and  0,1, ,TF GY  the junction structure with transformers 
TF , and gyrators, GY . 
The state nx  is composed of energy variables p  and q  associated with C  and I  
elements in integral causality, pu  denotes the plant input, qy  the plant output, 

nz  the co-energy vector, and r
inD   and r

outD   are a mixture of the power variables 
called effort e  and flow f  showing the energy exchanges between the dissipation field and 
the junction structure (Wellstead, 1979; Sueur & Dauphin-Tanguy, 1991). 
The relations of the storage and dissipation fields are, 
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The entries of S  take values inside the set  0, 1, ,m n    where m  and n  are transformer 
and gyrator modules; 11S  and 22S  are square skew-symmetric matrices and 12S  and 21S  are 
matrices each other negative transpose. The state equation is (Wellstead, 1979; Suer & 
Dauphin-Tanguy, 1991), 
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Next section a bond graph model of a hydroelectric plant is proposed. 
 
3. Bond graph model of a hydroelectric plant 
 

At first, the most important application for the synchronous machine was a water-turbine 
driven generator, making it necessary to adapt its design to the specific requirements of the 
hydropower plant (Kundur, 1994). 
 

 
Fig. 2. Schematic of a hydroelectric plant. 
 
The representation of the hydraulic turbine and water column in stability studies is usually 
based on the following assumptions (Kundur, 1994): 

 The hydraulic resistance is negligible. 
 The penstock pipe is inelastic and the water is incompressible. 
 The velocity of the water varies directly with the gate opening. 
 The turbine output power is proportional to the product of head and volume 

flow. 
In according with Fig. 2 the hydroelectric plant can be divided in three sections that shows 
in Fig. 3. 
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Fig. 3. Blocks diagram of a hydroelectric plant. 

 
3.1 A Bond Graph Model of Hydraulic and Mechanical Sections 
Hydraulic turbines are of two basic types. The impulse-type turbine (also known as Pelton 
wheel) is used for high heads. The high velocity jets of water impinge on spoon-shaped 
buckets on the runner, the change in momentum provides the torque to drive the runner, 
the energy supplied being entirely kinetic. 
In a reaction turbine the pressure within the turbine is above atmospheric; the energy is 
supplied by the water in both kinetic and potential forms (Kundur, 1994). 
Precise modelling of hydraulic turbines requires inclusion of transmission line like 
reflections which occur in the elastic-walled pipe carrying compressible fluid. In this paper, 
a simple bond graph model considering the tank, the penstock and the turbine is proposed. 
In Fig. 4, the bond graph of the components and connection of the hydraulic and mechanical 
sections is shown. 
 

 
Fig. 4. Bond graph of the hydraulic and mechanical sections. 
 
Note that the gyrator element corresponds to the converter element from hydraulic energy 
to mechanical energy. 

 
3.2 A Bond Graph Model of a Synchronous Machine 
Synchronous generators form the principal source of electric energy in power systems,  
many large loads are driven by synchronous motors and synchronous condensers are 
sometimes used as a means of providing reactive power compensation and controlling 
voltage. These devices operate on the same principle and are collectively referred to as 
synchronous machines (Kundur, 1994 ; Anderson, 1977). 

 

It is useful to develop mathematical models of a synchronous machine to explain their 
electric, magnetic and mechanical behavior. However, a graphical model of a synchronous 
machine is described in this section, this new model is based on bond graph model. 
In this paper, the following assumptions are made for the development of a mathematical 
and graphical model for a synchronous machine: 1S : the stator windings are sinusoidally 

distributed along the air-gap;  2S : the stator slots cause no appreciable variation of the rotor 

inductances with rotor position; 3S : magnetic hysteresis is negligible; 4S : magnetic 
saturation effects are negligible. 
Consider the representation of a synchronous machine of Fig. 5  (Kundur, 1994; Anderson, 
1977). 
 

 
Fig. 5. Schematic diagram of a synchronous machine. 
 
In Fig. 5, we can identify the following elements: 
 

 a, b, c: stator phase windings. So, , ,a b ci i i  denote the stator phase currents; , ,a b cv v v  
denote the stator phase voltages, , ,a b cr r r  denote the stator phase resistances and 

, ,aa bb ccL L L  denote the stator phase self inductances. 
 F: field winding with Fi  and Fv  denote the field current and voltage, respectively; 

Fr  denotes the field resistance and FL  denotes the field self inductance. 
 D: d-axis amortisseur circuit with Di  and Dv  denote the amortisseur current and 

voltage on the d-axis, respectively; Dr  denotes the amortisseur resistance on the  
d-axis and DL  denotes the amortisseur self inductance on the d-axis. 

 Q: q-axis amortisseur circuit with Qi  and Qv  denote the amortisseur current and 
voltage on the q-axis, respectively; Qr  denotes the amortisseur resistance on the  
q-axis and QL  denotes the amortisseur self inductance on the q-axis. 
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The synchronous machine of Fig. 5, is represented by six windings are magnetically 
coupled. The magnetic coupling between the windings is a function of the rotor position. 
The instantaneous terminal voltage v of any winding is in the form, 
 

 v ri 


    (11) 
 

where   is the flux linkage, r  is the winding resistance and i  is the current with positive 
directions of stator currents flowing out of the generator terminals. 
A great simplification in the mathematical description of the synchronous machine is 
obtained from the Park's transformation. The effect of Park's transformation is simply to 
transform all stator quantities from phases a , b  and c  into new variables the frame of 
reference of which moves with the rotor. Thus by definition (Anderson, 1977) 
 
 odq abci Pi  (12) 

 
where the current vectors are defined as, 
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The angle between the d axis and the rotor is given by 
 
 

2Rt       (16) 

 
where R  is the rated angular frequency in rad/s and   is the synchronous torque angle in 
electrical radians. 
Similarly, to transform the voltages and flux linkages, 
 
 

0dq abcv Pv  (17) 

 
0dq abcP   (18) 

 
In according with Fig. 5, we described the bond graph model of the synchronous machine 
on d q  axis, in Fig. 6 that satisfies the conditions 1 4S S  of this section. This bond graph is 

 

different respect to (Sahm, 1979) on the directions of the bonds 14, 15, 17 and 19, and we use 
a voltage source on the exciting winding. 
 

 
Fig. 6. Bond graph model of a synchronous machine. 
 
In Fig. 6, mT  is the mechanical torque, rJ  is the moment of inertia, aD  is the damper 
coefficient, : dDFI M  and : QqI M  are the magnetic coupling between self and mutual 
inductances of the windings on d -axis and on q -axis, respectively. 

 
3.3 Complete Model  
The bond graph model of a hydroelectric plant is presented in Fig. 7. 
 

 
Fig. 7. Bond graph of a hydroelectric plant. 
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The key vectors of the bond graph are 
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the constitutive relations of the fields are 
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The nonlinear synchronous machine yields nonlinear state equations of the complete 
hydroelectric plant. In this case, from (4) the nonlinear junction structure of the bond graph 
of the system can be defined by, 
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The mathematical model to analyze the variables performance can be used. However, the 
next section a steady state analysis using the bond graph model is applied. 

 
4. Steady State Analysis 
 

The response of the steady state is useful to know the value that reachs each state variable of 

the physical system when the dynamic period has finished. So, from (4) doing 0x


 , we 
have 
 1

ss p p ssx A B u   (25) 

 
where ssx  and ssu  are the steady state of the state variables and the input, respectively. 
Thus, using (25) we can determine the steady state, however, we need 1

pA  and it is not easy 
to get for some high order systems. A bond graph in a derivative causality assignment to 
solve directly the problem of the 1

pA  can be applied (Gilberto & Galindo, 2003). 

Suppose that 
p

A  is invertible and a derivative causality assignment is performed on the 
bond graph model. From (3) the junction structure is given by  (Gilberto & Galindo, 2003), 
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where the entries of J  have the same properties that S . The storage elements in (26) have a 
derivative causality. So, indD  and outdD  are defined of the same manner that inD  and outD , but 
they depend on the causality assignment for the storage elements and that junctions must 
have a correct causality assignment. 
From (4) to (10) and (26) we obtain, 
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It follows, from (1), (4) and (27) that, 
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From (32) and (25) we obtain the steady state, 
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Suppose that 
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and  ss

g  , the steady state of  g  , are constants. 
By substituting (20), (21), (34) into (29) we obtain 
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where    22
d d q q q q Dass ss

r r r r r     . 

From (21), (33) and (36) the steady state of the hydroelectric plant is determined. 
By substituting the following numerical values of the parameters: 0.578HC  , 0.6HR  , 

1 1m  , 0.0237rJ  , 0.25aD  , 0.0011d qr r  , 0.0742fr  , 0.0131Dr  , 0.054Qr  , 1.64qL  , 

1.526QL  , 1.7dL  , 1.605DL  , 1.65fL  , 1.55dDfM  , 1.49qQM  , 
1 1fv f  , 1.2245qv  , 

0dv  ,   0.003475q ss
   and   0.31981d ss

   into (36) the steady state of the synchronous 

machine is  2 3.2184sse   ,  8 12.062
ss

f  ,  9 0
ss

f  ,  10 13.477
ss

f  ,  15 0
ss

f  , 

 16 6.2342
ss

f  ,  23 3.8184
ss

f   . The complete system simulation shows the steady state of 
the state variables in Fig. 9 and 10. 
 

 

 
Fig. 9. Steady state of the state variables 2e , 8f  and 9f . 
 

 
Fig. 10. Steady state of the state variables 10f , 15f , 16f  and 23f . 

 
In order to determine the steady state of the original nonlinear system,  d ss

  and  q ss
  

should be changed by d  and q , respectively. Thus, substituting (36) into (33) with (21) we 
have to solve the simultaneous equations. 
The following section applies the structural controllability of the hydroelectric plant in the 
physical domain. 

 
5. Controllability Analysis 
 

The structural properties of a bond graph model that represents a physical system has 
received much attention such as structural controllability/observability. The great 
advantages of this method, such as its simplicity of implementation as well as its importance 
in control design and system conception are shown (Sueur & Dauphin-Tanguy, 1991). 
A linear time invariant system is completely state controllable iff: 
 

  1n

p p p p p
rank B A B A B n   (37) 
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Also, a system  
p p

A B  is structurally state controllable iff (Sueur & Dauphin-Tanguy, 1991): 
1. All dynamical elements in integral causality are causally connected with a source. 
2. Struct-rank  

p p
A B n . 

The structural rank of  
p p

A B  is equal to 
 The rank of the matrix  11 12 13S S S  

  
s

n t , where n is the order of the system and st  the number of dynamical 
elements remaining in integral causality when a derivative causality assignment is 
performed or a dualization of the maximal number of input sources is performed in 
order to eliminate these integral causalities. 

The bond graph in an integral causality assignment of the hydroelectric plant of Fig. 7 has 
the following causal paths. 

 For source 1F →1-2→ HC ; 1F →1-2-2-3-4-4-5-21-23→ rJ ; 
1

F →1-2-2-3-4-5-21-23-23-22-

24-8→ dDfM  and 
1

F →1-2-2-3-4-4-5-21-23-23-20-19-16→ qQM . 

 For source fv →11-10-8-24-22-23-23-21-5-4-4-3-2→ HC ; fv →11-10-8-24-22-23→ rJ ;  

fv →11-10→ dDfM  and  fv →11-10-8-24-22-23-23-20-19-16→
qQM . 

 For source dv →6-8-8-24-22-23-23-21-5-4-4-3-2→ HC ; dv  →6-8-8-24-22-23→ rJ ; 

dv →6-8→ dDfM  and  dv →6-8-8-24-22-23-23-20-20-19-16→ qQM . 

 For source qv →17-16-16-19-20-23-23-21-5-4-4-3-2→ HC ; qv }→17-16-16-19-20-

23→ rJ ; qv →17-16-16-19-20-23-23-22-24-8 → dDfM and  qv →17-16→ qQM . 

The previous causal paths indicate that all the dynamic elements are causally connected to 
each source on the bond graph model in an integral causality assignment. Also, the 
structural rank of  

p p
A B n , because of the bond graph in a derivative causality 

assignment of Fig. 8 shows that all the dynamic elements have derivative causality. Thus, 
the bond graph of the hydroelectric system is structurally state controllable. 

 
6. Simulation of a Hydroelectric Plant 
 

In order to prove the controllability performance of the state variables of the proposed bond 
graph model, the hydroelectric system simulation using the software 20-Sim (20-Sim, 2007) 
with the numerical parameters of the previous section is presented. Fig. 11 presents a block 
diagram in 20-Sim. 

 

 
Fig. 11. Block diagram in 20-Sim. 
 
Fig. 12 shows the variable performance 2e  when the input changes from 1 1F   to 1 3F   

and 1fv   to 2 and 4. 

 

 
Fig. 12. Variable performance 2e . 
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elements remaining in integral causality when a derivative causality assignment is 
performed or a dualization of the maximal number of input sources is performed in 
order to eliminate these integral causalities. 

The bond graph in an integral causality assignment of the hydroelectric plant of Fig. 7 has 
the following causal paths. 

 For source 1F →1-2→ HC ; 1F →1-2-2-3-4-4-5-21-23→ rJ ; 
1

F →1-2-2-3-4-5-21-23-23-22-

24-8→ dDfM  and 
1

F →1-2-2-3-4-4-5-21-23-23-20-19-16→ qQM . 

 For source fv →11-10-8-24-22-23-23-21-5-4-4-3-2→ HC ; fv →11-10-8-24-22-23→ rJ ;  

fv →11-10→ dDfM  and  fv →11-10-8-24-22-23-23-20-19-16→
qQM . 

 For source dv →6-8-8-24-22-23-23-21-5-4-4-3-2→ HC ; dv  →6-8-8-24-22-23→ rJ ; 

dv →6-8→ dDfM  and  dv →6-8-8-24-22-23-23-20-20-19-16→ qQM . 

 For source qv →17-16-16-19-20-23-23-21-5-4-4-3-2→ HC ; qv }→17-16-16-19-20-

23→ rJ ; qv →17-16-16-19-20-23-23-22-24-8 → dDfM and  qv →17-16→ qQM . 

The previous causal paths indicate that all the dynamic elements are causally connected to 
each source on the bond graph model in an integral causality assignment. Also, the 
structural rank of  

p p
A B n , because of the bond graph in a derivative causality 

assignment of Fig. 8 shows that all the dynamic elements have derivative causality. Thus, 
the bond graph of the hydroelectric system is structurally state controllable. 

 
6. Simulation of a Hydroelectric Plant 
 

In order to prove the controllability performance of the state variables of the proposed bond 
graph model, the hydroelectric system simulation using the software 20-Sim (20-Sim, 2007) 
with the numerical parameters of the previous section is presented. Fig. 11 presents a block 
diagram in 20-Sim. 

 

 
Fig. 11. Block diagram in 20-Sim. 
 
Fig. 12 shows the variable performance 2e  when the input changes from 1 1F   to 1 3F   

and 1fv   to 2 and 4. 

 

 
Fig. 12. Variable performance 2e . 
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Also, the state variables behavior of the amortisseur circuits 9f  and 15f  are shown in Fig. 13, 
where the steady state of both amortisseurs are zero. 
 

 
Fig. 13. State variables behavior 9p  and 15p . 

In addition, the dynamic and steady state periods of state variables 8f , 10f  and 16f  are 
illustrated in Fig. 14. Note that these are the most important variables to the power system. 
So, these variables are controllable by the sources 1F  and fv . 

 

 
Fig. 14. State variables performance 8f , 10f  and 16f . 

 

The variable response 23p  is shown in Fig. 15 indicating that this variable can be 
controllable by the two sources. 
 

 
Fig. 15. Variables response 23f . 
 
Finally, Fig. 16 shows the three phase currents on the loads RL  that connects the 
hydroelectric plant with the infinite bus power system. 
 

 
Fig. 16. Three phase currents of the system. 
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Therefore, the bond graph model of the hydroelectric plant allows to know the dynamic and 
steady state performance, controllability, reconfiguration and simplified models in a simple 
and direct manner. 

 
7. Conclusions 
 

A bond graph model of a hydroelectric plant is presented. Important characteristics of the 
system as controllability and steady state in the physical domain can be obtained. In order to 
verify the state variables performance, simulation results are given. 
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1. Introduction 
 

Computation of incompressible Navier-Stokes equations is an important area in CFD related 
fields in science and engineering. With the development of a wide range of numerical 
schemes and algorithms, obtaining numerical solution of the Navier-Stokes equations now 
has become much easier compared to the previous decades. However, there is a continuous 
research going on in the development of new numerical algorithms as the CFD is being used 
as a modeling tool in other areas of science as well. The velocity-vorticity formulation, 
pioneered by Fasel (1976) is considered to be an alternate form of the Navier-Stokes 
equations without involving the pressure term.  
Generally the vorticity boundary values are determined explicitly using a second order 
accurate Taylor’s series expansion scheme while computing flow fields using the velocity-
vorticity form of the Navier-Stokes equations. Hence care must be taken to assure accurate 
computation of the vorticity values at the boundaries by using finer mesh near the 
boundaries when lower order schemes are used for vorticity definition. The use of the 
differential quadrature method enables the computation of vorticity definition with higher 
order polynomials. Furthermore, when a coupled numerical scheme involving a global 
method of differential quadrature (DQ) method is used to solve the governing equations, 
the explicit specification of vorticity definition at the boundary is completely eliminated, 
resulting in a simplified computational procedure. 
Bellman et al. (1972) developed the DQ method to approximate the derivative of a smooth 
function and has been successfully implemented for solving many engineering problems. 
Shu and Richards (1992) applied a generalized differential quadrature for the simulation of 
2D incompressible viscous flow simulation. Shu (2000) reported an elaboration of the 
differential quadrature method. Additionally, Lo et al. (2005) applied a differential 
quadrature method to solve 2D and 3D natural convection problems in a differentially 
heated enclosure by velocity-vorticity formulation. The present study proposes a novel idea 
to solve 2D and 3D Navier-Stokes equations by efficiently exploiting the advantages of both 
the velocity-vorticity form of the Navier-Stokes equations and the DQ method. Natural 
convection in a differentially heated inclined cubic cavity is represented by continuity 
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equation, momentum equations and energy equation, which are coupled due to the 
buoyancy term appearing in the momentum equation. Hence natural convection in an 
inclined cubic cavity is considered to be the suitable example problem to test the numerical 
capability of the proposed coupled algorithm. 
The proposed numerical scheme is applied to determine the velocity, vorticity and 
temperature variations for natural convection problem in a differentially heated inclined 
cavity for Rayleigh number range from 310  to 610 . Numerical formulation, solution 
procedure and comparisons of the present results with those obtained by other numerical 
schemes are presented in the following sections. 

 
2. Differential quadrature method 
 

The DQ method replaces a given spatial derivative of a function ( )f x  by a linear weighted 
sum of the function values at the discrete sample points considered along a coordinate 
direction, resulting in a set of algebraic equations. Hence the DQ method can be used to 
obtain numerical solution of partial differential equations with higher order accuracy. For a 
function of three variables ( , , )f x y z , the p th order derivatives, q th order derivatives and 
r th order derivatives of the function with respect to x , y  and z  coordinates can be 
obtained as: 

( )( )
,
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( , , ) ( , , ), 1,2,..., 1
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for 1,2,..., ;i L   1,2,..., ;j M  1,2,...,k N  
where l , m , n  are the indices for the grid points in the x , y  and z coordinates 
respectively, , ,L M N  are the number of grid points in the  x , y  and z directions 

respectively and ( ) ( ) ( )
,, ,, ,p q r

j mi l k nA B C  are the weighting coefficients. The first order weighting 
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Similarly the weighting coefficients for the second- and higher-order derivatives can be 
obtained as 
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It should be noted from the above equations that the weighting coefficients of the second 
and higher-order derivatives can be computed from the first-order derivatives themselves. 

 
3. Governing equations 
 

The governing equations for natural convection can be described by the incompressible 
Navier-Stokes equations and the energy equation. Assuming the Boussinesq approximation, 
the velocity-vorticity form of the Navier-Stokes equations can be written in non-dimensional 
form as follows: 
Velocity Poisson 

2u   
                                                       (10) 

 

Vorticity transport equations 
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Energy equation 
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The computational domain is discretized using a Cartesian coordinate frame with x y  
representing the horizontal plane and z  directing in the vertical direction. In the velocity-
vorticity form of the Navier-Stokes equations, the vorticity vector is defined as 
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The governing equations for natural convection can be described by the incompressible 
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the velocity-vorticity form of the Navier-Stokes equations can be written in non-dimensional 
form as follows: 
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The computational domain is discretized using a Cartesian coordinate frame with x y  
representing the horizontal plane and z  directing in the vertical direction. In the velocity-
vorticity form of the Navier-Stokes equations, the vorticity vector is defined as 
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equation, momentum equations and energy equation, which are coupled due to the 
buoyancy term appearing in the momentum equation. Hence natural convection in an 
inclined cubic cavity is considered to be the suitable example problem to test the numerical 
capability of the proposed coupled algorithm. 
The proposed numerical scheme is applied to determine the velocity, vorticity and 
temperature variations for natural convection problem in a differentially heated inclined 
cavity for Rayleigh number range from 310  to 610 . Numerical formulation, solution 
procedure and comparisons of the present results with those obtained by other numerical 
schemes are presented in the following sections. 

 
2. Differential quadrature method 
 

The DQ method replaces a given spatial derivative of a function ( )f x  by a linear weighted 
sum of the function values at the discrete sample points considered along a coordinate 
direction, resulting in a set of algebraic equations. Hence the DQ method can be used to 
obtain numerical solution of partial differential equations with higher order accuracy. For a 
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The computational domain is discretized using a Cartesian coordinate frame with x y  
representing the horizontal plane and z  directing in the vertical direction. In the velocity-
vorticity form of the Navier-Stokes equations, the vorticity vector is defined as 
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It should be noted from the above equations that the weighting coefficients of the second 
and higher-order derivatives can be computed from the first-order derivatives themselves. 
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The computational domain is discretized using a Cartesian coordinate frame with x y  
representing the horizontal plane and z  directing in the vertical direction. In the velocity-
vorticity form of the Navier-Stokes equations, the vorticity vector is defined as 
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Equations (10-12) are the final form of the governing equations that characterize the flow 
and heat transfer during a natural convection process. These equations have to be solved in 
a computational domain   which is enclosed by a solid boundary  . For the problem of 
natural convection in a differentially heated cubic cavity, no-slip velocity boundary 
conditions are assumed on all the boundary walls. 
 
4. Numerical solution 
 

Application of the DQ method to spatial discretization of the governing equations results in 
a set of algebraic equations. For example, the velocity Poisson equation in the x  direction  
is approximated using the DQ method to obtain the velocity component in the one 
coordinate direction as follows, 
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Similarly, the velocity components in the ,y  z  directions also can be used the same 
formulas. 
The time derivatives of the convection-diffusion equation (vorticity transport equations and 
energy equation) are discretized using a second order accurate three-time-level scheme 
expressed as 
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The convection-diffusion equation (15) is approximated by the DQ method as follows: 
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Combining equations (10) to (12), all the seven field variables can be represented by means 
of a single global matrix as:  
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where the A, B, C, D, E, F, G, H and I are the influence matrices, the , , , , , ,u v w Tf f f f f f f     
are the loading matrices in the right hand side, the , ,u v w  are the unknown variables for 
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a computational domain   which is enclosed by a solid boundary  . For the problem of 
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conditions are assumed on all the boundary walls. 
 
4. Numerical solution 
 

Application of the DQ method to spatial discretization of the governing equations results in 
a set of algebraic equations. For example, the velocity Poisson equation in the x  direction  
is approximated using the DQ method to obtain the velocity component in the one 
coordinate direction as follows, 
 

(2) (2) (2) (1) (1)
, , , , , , , , , ,, ,, , ,

1 1 1 1 1
0

L M N M N
l j k i m k i j n i m k i j nj m j mi l k n k n

l m n m n
A u B u C u B C 

    
                (14) 

 
Similarly, the velocity components in the ,y  z  directions also can be used the same 
formulas. 
The time derivatives of the convection-diffusion equation (vorticity transport equations and 
energy equation) are discretized using a second order accurate three-time-level scheme 
expressed as 

2

1 1
1 1 2 1 13 4 2

2

t t t
t t t t t t

v f
t

v v f
t

  

     
 

   


     


 

      




 
                        (15) 

 
The convection-diffusion equation (15) is approximated by the DQ method as follows: 
 

, , , ,

1 1
, , (2) (2) (2) 1

, , , , , , , ,,, ,
1 1 1

1
(1) (1) (1)

, , , , , , , , , , , ,,, ,
1 1 1

(3 )
( ) ( )

2

(4 ) ( )
2( )

2 2

(

i j k i j k

t tL M Ni j k t
l j k i m k i j n i j kj mi l k n

l m n
t t L M N t

i j k l j k i j k i m k i j k i j nj mi l k n
l m n

A C f
t

u A v B w C
t t

u


   

 
  

 


  


  

   


    
 



  

  

(1) (1) (1) 1
, , , , , , , , , , , ,,, ,

1 1 1
)

L M N t
i j k l j k i j k i m k i j k i j nj mi l k n

l m n
A v B w C   

  
   

       (16) 

 
Combining equations (10) to (12), all the seven field variables can be represented by means 
of a single global matrix as:  
 

 

0 0 0 0
0 0 0 0
0 0 0 0
0 0 0 0 0
0 0 0 0 0
0 0 0 0 0
0 0 0 0 0 0

u

v

w

T

fuA D C
fvA D B
fwA C B
fE G
fE H

E I f
F T f











    
         
               

    
    
    
    

      

                                           (17) 

 
where the A, B, C, D, E, F, G, H and I are the influence matrices, the , , , , , ,u v w Tf f f f f f f     
are the loading matrices in the right hand side, the , ,u v w  are the unknown variables for 
velocities, , ,   are the unknown variables for vorticities, T are the unknown variables. The 
various differential operators that appear in the DQ approximation equations (10) to (12) and 
are computed as  

(2) (2) (2)
,, ,

1 1 1
[ ]

L M N
j mi l k n

l m n
A A B C

  
      

(1)
,

1
[ ]

L
i l

l
B A


  ,  (1)

,
1

[ ]
M

j m
m

C B


  ,  (1)
,

1
[ ]

N
k n

n
D C


   

(2) (2) (2)
,, ,

1 1 1

3[ ] Pr( )
2

L M N
j mi l k n

l m n
E A B C

t   
   


    

(2) (2) (2)
,, ,

1 1 1

3[ ] ( )
2

L M N
j mi l k n

l m n
F A B C

t   
   


    

(1)
,

1
[ ] Pr cos ,

M
j m

m
G Ra B


        

 (1) (1)
, ,

1 1
[ ] Pr(cos sin )

L N
i l k n

l n
H Ra A C 

 
       

(1)
,

1
[ ] Pr(sin )

M
j m

m
H Ra B


     

[ ] 0,[ ] 0,[ ] 0u v wf f f    

, , , ,
1

(1) (1) (1)
, , , , , , , , , , , ,,, ,

1 1 1

(1) (1) (1) 1
, , , , , , , , , , , ,,, ,

1 1 1

, ,

(4 ) ( )
[ ] 2( )

2 2

( )

2(

i j k i j k
t t L M N

t
i j k l j k i j k i m k i j k i j nj mi l k n

l m n
L M N

t
i j k l j k i j k i m k i j k i j nj mi l k n

l m n

i j

f u A v B w C
t t

u A v B w C


 

  

  





  



  

    
 

  



  

  
(1) (1) (1)

, , , , , , , , , ,,, ,
1 1 1

(1) (1) (1) 1
, , , , , , , , , , , ,,, ,

1 1 1

)

( )

L M N
t

k l j k i j k i m k i j k i j nj mi l k n
l m n
L M N

t
i j k l j k i j k i m k i j k i j nj mi l k n

l m n

A u B u C u

A u B u C u

 

  

  



  

 

  

  

  

DQ analysis of 2D and 3D natural convection  
in an inclined cavity using a velocity-vorticity formulation 203

 

u  
                                                             (13) 
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Similarly, the velocity components in the ,y  z  directions also can be used the same 
formulas. 
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The convection-diffusion equation (15) is approximated by the DQ method as follows: 
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Combining equations (10) to (12), all the seven field variables can be represented by means 
of a single global matrix as:  
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where the A, B, C, D, E, F, G, H and I are the influence matrices, the , , , , , ,u v w Tf f f f f f f     
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where   is the angle of inclination and t  is the time level index. 
Using the above formula, the vorticity transport equations in the ,x ,y  z  directions and 
energy equation can be adopted the above method of approximation. 
In the successive time step, we used the velocity, vorticity and temperature components at 
the previous time step as the initial guess for the next iteration. The computations are 
carried out until steady state conditions are reached. The convergence criteria used in the 
time loop to achieve steady state conditions are 
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For the DQ method, the mesh point distribution in the three spatial directions is assumed to 
be the same and is expressed as  
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where , ,L M N  are the number of gird points in the ,x y  and z  directions respectively. 

 
5. Numerical results 
 

Figure 1 shows the schematic diagram of the inclined cubic cavity with the boundary 
conditions for the natural convection problem. Temperatures equal to –0.5 and 0.5 are 
enforced on the left wall at 0.5x    and the right wall at 0.5x   respectively. Numerical 
results obtained for the test problem are discussed in this section. 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
Fig. 1. Layout of the problem 

 
5.1 Grid Independence Study  
One of the aims of the present numerical scheme is to show that the use of higher order 
polynomials for approximating the partial differential equations requires relatively a coarse 
mesh to achieve benchmark solutions. In order to validate the computer program developed 
to solve the governing equations for the natural convection problem, initially a grid 
independence study was carried out for 4 5 610 ,10 ,10Ra  . 
Further, in order to make sure that the grid independence study is in accordance with other 
numerical results, the grid independence study results obtained for the case of 0    were 
compared with the results of Tric et al. (2000) who used pseudo-spectral Chebyshev 
algorithm based on the projection-diffusion method with a spatial resolution supplied by 
polynomial expansions. For the mesh sensitivity study, the mean and the overall Nusselt 
number values were computed for 4 610 10Ra   using four different meshes. The value of 
Prandtl number was assumed as 0.71 for all these computations. Table 1 depicts the 
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where   is the angle of inclination and t  is the time level index. 
Using the above formula, the vorticity transport equations in the ,x ,y  z  directions and 
energy equation can be adopted the above method of approximation. 
In the successive time step, we used the velocity, vorticity and temperature components at 
the previous time step as the initial guess for the next iteration. The computations are 
carried out until steady state conditions are reached. The convergence criteria used in the 
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where , ,L M N  are the number of gird points in the ,x y  and z  directions respectively. 
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where   is the angle of inclination and t  is the time level index. 
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Prandtl number was assumed as 0.71 for all these computations. Table 1 depicts the 
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where   is the angle of inclination and t  is the time level index. 
Using the above formula, the vorticity transport equations in the ,x ,y  z  directions and 
energy equation can be adopted the above method of approximation. 
In the successive time step, we used the velocity, vorticity and temperature components at 
the previous time step as the initial guess for the next iteration. The computations are 
carried out until steady state conditions are reached. The convergence criteria used in the 
time loop to achieve steady state conditions are 
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For the DQ method, the mesh point distribution in the three spatial directions is assumed to 
be the same and is expressed as  

 

cos[ /(2 )] cos[(2 1) /(2 )] , 1,2,.....,
cos[ /(2 )] cos[(2 1) /(2 )]
cos[ /(2 )] cos[(2 1) /(2 )] , 1,2,.....,
cos[ /(2 )] cos[(2 1) /(2 )]
cos[ /(2 )] cos[(2 1) /(2 )]
cos[ /(2 )] cos[(2

i

j

k

L i Lx i L
L L L
M j My j M
M M M
N k Nz
N

 
 
 
 
 


 
 

 
 

 
 
 




, 1,2,.....,
1) /(2 )]

k N
N N




                   (19) 

 
where , ,L M N  are the number of gird points in the ,x y  and z  directions respectively. 

 
5. Numerical results 
 

Figure 1 shows the schematic diagram of the inclined cubic cavity with the boundary 
conditions for the natural convection problem. Temperatures equal to –0.5 and 0.5 are 
enforced on the left wall at 0.5x    and the right wall at 0.5x   respectively. Numerical 
results obtained for the test problem are discussed in this section. 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
Fig. 1. Layout of the problem 

 
5.1 Grid Independence Study  
One of the aims of the present numerical scheme is to show that the use of higher order 
polynomials for approximating the partial differential equations requires relatively a coarse 
mesh to achieve benchmark solutions. In order to validate the computer program developed 
to solve the governing equations for the natural convection problem, initially a grid 
independence study was carried out for 4 5 610 ,10 ,10Ra  . 
Further, in order to make sure that the grid independence study is in accordance with other 
numerical results, the grid independence study results obtained for the case of 0    were 
compared with the results of Tric et al. (2000) who used pseudo-spectral Chebyshev 
algorithm based on the projection-diffusion method with a spatial resolution supplied by 
polynomial expansions. For the mesh sensitivity study, the mean and the overall Nusselt 
number values were computed for 4 610 10Ra   using four different meshes. The value of 
Prandtl number was assumed as 0.71 for all these computations. Table 1 depicts the 
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comparisons between the values of the mean and the overall Nusselt numbers obtained 
using the present method for the four mesh sizes and the results obtained by Tric et al. 
(2000). It can be observed that the results obtained by using the present numerical algorithm 
with the above four grids of size are almost in excellent agreement with the results of Tric et 
al. (2000) for all the values of the Rayleigh numbers considered in this study. Table 2 shows 
the 2D and 3D comparison of the mean value and overall value of the Nusselt number for 

3 4 5 610 ,10 ,10 ,10Ra   at different angles. 
 

Grids  Nu  410Ra   510Ra   610Ra   

Tric et al. (2000): 381  grids meanNu  2.251 4.613 8.877 

 overNu  2.054 4.337 8.641 

Present: 321  grids meanNu  2.253 4.624 8.909 

 overNu  2.052 4.329 8.669 

Present: 323  grids meanNu  2.251 4.610 8.910 

 overNu  2.054 4.335 8.668 

Present: 325  grids meanNu  2.251 4.610 8.910 

 overNu  2.054 4.335 8.668 

Present: 331  grids meanNu  2.251 4.610 8.910 

 overNu  2.054 4.335 8.668 

Table 1. Grid-independence study results for 4 5 610 ,10 ,10Ra   
 

Ra  Nusselt 
number 

0  15  30  45  60  75  90  

310Ra   2D meanNu  1.118 1.096 1.069 1.042 1.020 1.025 1.319 
 3D meanNu  1.088 1.073 1.053 1.033 1.016 1.004 1.001 
 3D overNu  1.071 1.059 1.043 1.027 1.013 1.003 1.001 

410Ra   2D meanNu  2.244 2.008 1.709 1.411 1.180 1.047 1.319 
 3D meanNu  2.251 1.986 1.680 1.391 1.172 1.033 1.015 
 3D overNu  2.054 1.843 1.589 1.343 1.152 1.038 1.015 

510Ra   2D meanNu  4.521 3.953 3.028 2.037 1.378 1.082 1.319 
 3D meanNu  4.610 3.969 3.024 2.039 1.384 1.037 1.160 
 3D overNu  4.335 3.773 2.901 1.979 1.362 1.079 1.160 

610Ra   2D meanNu  8.823 7.522 5.323 2.857 1.568 1.120 1.319 
 3D meanNu  8.910 7.545 5.330 2.875 1.583 1.008 1.824 
 3D overNu  8.668 7.363 5.213 2.820 1.558 1.118 1.824 

Table 2. 2D and 3D numerical results for  3 4 5 610 ,10 ,10 ,10Ra   at different angles 

 

5.2 Effect of Angle of Inclination on Natural Convection Phenomenon References 
In order to capture the three-dimensional effect of the temperature fields, the temperature 
variations on the mid-planes along the principal axes serve as a visual representation of the 
temperature variations throughout the cavity due to the buoyancy-induced flows. Figures. 
2(a) to 2(d) show the temperature contours on x z  plane at 0.5y   for different angles of 

inclination for 510Ra  . As far as the convective heat transport is concerned this is the 
principal plane that indicates the heat transfer phenomena because this plane consists of the 
axes of the temperature differentials and the gravitational direction. The temperature maps 
are very close to the hot and the cold walls compared to the other sides, because greater 
temperature gradients are observed only at these regions. As the other sides are kept 
adiabatic, the temperature contours are always normal to these sides as observed in the 
above figures. Further the increase in the angle of inclination results in diagonally parallel 
isotherms instead of the nearly horizontal isotherms observed at 0   . 
 
(a)                                                                  (b) 
 
 
 
 
 
 
 
 
 
 
  (c)                                                                  (d) 
 
 
 
 
 
 
 
 
 
 
Fig. 2. Temperature contours at 0.5y   plane for 510Ra   in a different angle (a) 00   (b) 

030   (c) 045   (d) 060   
 
Apart from testing the code for the present formulation with respect to the Nusselt numbers, 
it is also required to verify for the flow fields. The characteristics of the natural convection 
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comparisons between the values of the mean and the overall Nusselt numbers obtained 
using the present method for the four mesh sizes and the results obtained by Tric et al. 
(2000). It can be observed that the results obtained by using the present numerical algorithm 
with the above four grids of size are almost in excellent agreement with the results of Tric et 
al. (2000) for all the values of the Rayleigh numbers considered in this study. Table 2 shows 
the 2D and 3D comparison of the mean value and overall value of the Nusselt number for 

3 4 5 610 ,10 ,10 ,10Ra   at different angles. 
 

Grids  Nu  410Ra   510Ra   610Ra   

Tric et al. (2000): 381  grids meanNu  2.251 4.613 8.877 

 overNu  2.054 4.337 8.641 

Present: 321  grids meanNu  2.253 4.624 8.909 

 overNu  2.052 4.329 8.669 

Present: 323  grids meanNu  2.251 4.610 8.910 

 overNu  2.054 4.335 8.668 

Present: 325  grids meanNu  2.251 4.610 8.910 

 overNu  2.054 4.335 8.668 

Present: 331  grids meanNu  2.251 4.610 8.910 

 overNu  2.054 4.335 8.668 

Table 1. Grid-independence study results for 4 5 610 ,10 ,10Ra   
 

Ra  Nusselt 
number 

0  15  30  45  60  75  90  

310Ra   2D meanNu  1.118 1.096 1.069 1.042 1.020 1.025 1.319 
 3D meanNu  1.088 1.073 1.053 1.033 1.016 1.004 1.001 
 3D overNu  1.071 1.059 1.043 1.027 1.013 1.003 1.001 

410Ra   2D meanNu  2.244 2.008 1.709 1.411 1.180 1.047 1.319 
 3D meanNu  2.251 1.986 1.680 1.391 1.172 1.033 1.015 
 3D overNu  2.054 1.843 1.589 1.343 1.152 1.038 1.015 

510Ra   2D meanNu  4.521 3.953 3.028 2.037 1.378 1.082 1.319 
 3D meanNu  4.610 3.969 3.024 2.039 1.384 1.037 1.160 
 3D overNu  4.335 3.773 2.901 1.979 1.362 1.079 1.160 

610Ra   2D meanNu  8.823 7.522 5.323 2.857 1.568 1.120 1.319 
 3D meanNu  8.910 7.545 5.330 2.875 1.583 1.008 1.824 
 3D overNu  8.668 7.363 5.213 2.820 1.558 1.118 1.824 

Table 2. 2D and 3D numerical results for  3 4 5 610 ,10 ,10 ,10Ra   at different angles 

 

5.2 Effect of Angle of Inclination on Natural Convection Phenomenon References 
In order to capture the three-dimensional effect of the temperature fields, the temperature 
variations on the mid-planes along the principal axes serve as a visual representation of the 
temperature variations throughout the cavity due to the buoyancy-induced flows. Figures. 
2(a) to 2(d) show the temperature contours on x z  plane at 0.5y   for different angles of 

inclination for 510Ra  . As far as the convective heat transport is concerned this is the 
principal plane that indicates the heat transfer phenomena because this plane consists of the 
axes of the temperature differentials and the gravitational direction. The temperature maps 
are very close to the hot and the cold walls compared to the other sides, because greater 
temperature gradients are observed only at these regions. As the other sides are kept 
adiabatic, the temperature contours are always normal to these sides as observed in the 
above figures. Further the increase in the angle of inclination results in diagonally parallel 
isotherms instead of the nearly horizontal isotherms observed at 0   . 
 
(a)                                                                  (b) 
 
 
 
 
 
 
 
 
 
 
  (c)                                                                  (d) 
 
 
 
 
 
 
 
 
 
 
Fig. 2. Temperature contours at 0.5y   plane for 510Ra   in a different angle (a) 00   (b) 
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Apart from testing the code for the present formulation with respect to the Nusselt numbers, 
it is also required to verify for the flow fields. The characteristics of the natural convection 
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comparisons between the values of the mean and the overall Nusselt numbers obtained 
using the present method for the four mesh sizes and the results obtained by Tric et al. 
(2000). It can be observed that the results obtained by using the present numerical algorithm 
with the above four grids of size are almost in excellent agreement with the results of Tric et 
al. (2000) for all the values of the Rayleigh numbers considered in this study. Table 2 shows 
the 2D and 3D comparison of the mean value and overall value of the Nusselt number for 

3 4 5 610 ,10 ,10 ,10Ra   at different angles. 
 

Grids  Nu  410Ra   510Ra   610Ra   

Tric et al. (2000): 381  grids meanNu  2.251 4.613 8.877 

 overNu  2.054 4.337 8.641 
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 overNu  2.052 4.329 8.669 
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Table 1. Grid-independence study results for 4 5 610 ,10 ,10Ra   
 

Ra  Nusselt 
number 

0  15  30  45  60  75  90  

310Ra   2D meanNu  1.118 1.096 1.069 1.042 1.020 1.025 1.319 
 3D meanNu  1.088 1.073 1.053 1.033 1.016 1.004 1.001 
 3D overNu  1.071 1.059 1.043 1.027 1.013 1.003 1.001 

410Ra   2D meanNu  2.244 2.008 1.709 1.411 1.180 1.047 1.319 
 3D meanNu  2.251 1.986 1.680 1.391 1.172 1.033 1.015 
 3D overNu  2.054 1.843 1.589 1.343 1.152 1.038 1.015 

510Ra   2D meanNu  4.521 3.953 3.028 2.037 1.378 1.082 1.319 
 3D meanNu  4.610 3.969 3.024 2.039 1.384 1.037 1.160 
 3D overNu  4.335 3.773 2.901 1.979 1.362 1.079 1.160 

610Ra   2D meanNu  8.823 7.522 5.323 2.857 1.568 1.120 1.319 
 3D meanNu  8.910 7.545 5.330 2.875 1.583 1.008 1.824 
 3D overNu  8.668 7.363 5.213 2.820 1.558 1.118 1.824 

Table 2. 2D and 3D numerical results for  3 4 5 610 ,10 ,10 ,10Ra   at different angles 

 

5.2 Effect of Angle of Inclination on Natural Convection Phenomenon References 
In order to capture the three-dimensional effect of the temperature fields, the temperature 
variations on the mid-planes along the principal axes serve as a visual representation of the 
temperature variations throughout the cavity due to the buoyancy-induced flows. Figures. 
2(a) to 2(d) show the temperature contours on x z  plane at 0.5y   for different angles of 

inclination for 510Ra  . As far as the convective heat transport is concerned this is the 
principal plane that indicates the heat transfer phenomena because this plane consists of the 
axes of the temperature differentials and the gravitational direction. The temperature maps 
are very close to the hot and the cold walls compared to the other sides, because greater 
temperature gradients are observed only at these regions. As the other sides are kept 
adiabatic, the temperature contours are always normal to these sides as observed in the 
above figures. Further the increase in the angle of inclination results in diagonally parallel 
isotherms instead of the nearly horizontal isotherms observed at 0   . 
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Fig. 2. Temperature contours at 0.5y   plane for 510Ra   in a different angle (a) 00   (b) 
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Apart from testing the code for the present formulation with respect to the Nusselt numbers, 
it is also required to verify for the flow fields. The characteristics of the natural convection 
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comparisons between the values of the mean and the overall Nusselt numbers obtained 
using the present method for the four mesh sizes and the results obtained by Tric et al. 
(2000). It can be observed that the results obtained by using the present numerical algorithm 
with the above four grids of size are almost in excellent agreement with the results of Tric et 
al. (2000) for all the values of the Rayleigh numbers considered in this study. Table 2 shows 
the 2D and 3D comparison of the mean value and overall value of the Nusselt number for 

3 4 5 610 ,10 ,10 ,10Ra   at different angles. 
 

Grids  Nu  410Ra   510Ra   610Ra   

Tric et al. (2000): 381  grids meanNu  2.251 4.613 8.877 

 overNu  2.054 4.337 8.641 

Present: 321  grids meanNu  2.253 4.624 8.909 

 overNu  2.052 4.329 8.669 

Present: 323  grids meanNu  2.251 4.610 8.910 

 overNu  2.054 4.335 8.668 

Present: 325  grids meanNu  2.251 4.610 8.910 

 overNu  2.054 4.335 8.668 

Present: 331  grids meanNu  2.251 4.610 8.910 

 overNu  2.054 4.335 8.668 

Table 1. Grid-independence study results for 4 5 610 ,10 ,10Ra   
 

Ra  Nusselt 
number 

0  15  30  45  60  75  90  

310Ra   2D meanNu  1.118 1.096 1.069 1.042 1.020 1.025 1.319 
 3D meanNu  1.088 1.073 1.053 1.033 1.016 1.004 1.001 
 3D overNu  1.071 1.059 1.043 1.027 1.013 1.003 1.001 

410Ra   2D meanNu  2.244 2.008 1.709 1.411 1.180 1.047 1.319 
 3D meanNu  2.251 1.986 1.680 1.391 1.172 1.033 1.015 
 3D overNu  2.054 1.843 1.589 1.343 1.152 1.038 1.015 

510Ra   2D meanNu  4.521 3.953 3.028 2.037 1.378 1.082 1.319 
 3D meanNu  4.610 3.969 3.024 2.039 1.384 1.037 1.160 
 3D overNu  4.335 3.773 2.901 1.979 1.362 1.079 1.160 

610Ra   2D meanNu  8.823 7.522 5.323 2.857 1.568 1.120 1.319 
 3D meanNu  8.910 7.545 5.330 2.875 1.583 1.008 1.824 
 3D overNu  8.668 7.363 5.213 2.820 1.558 1.118 1.824 

Table 2. 2D and 3D numerical results for  3 4 5 610 ,10 ,10 ,10Ra   at different angles 

 

5.2 Effect of Angle of Inclination on Natural Convection Phenomenon References 
In order to capture the three-dimensional effect of the temperature fields, the temperature 
variations on the mid-planes along the principal axes serve as a visual representation of the 
temperature variations throughout the cavity due to the buoyancy-induced flows. Figures. 
2(a) to 2(d) show the temperature contours on x z  plane at 0.5y   for different angles of 

inclination for 510Ra  . As far as the convective heat transport is concerned this is the 
principal plane that indicates the heat transfer phenomena because this plane consists of the 
axes of the temperature differentials and the gravitational direction. The temperature maps 
are very close to the hot and the cold walls compared to the other sides, because greater 
temperature gradients are observed only at these regions. As the other sides are kept 
adiabatic, the temperature contours are always normal to these sides as observed in the 
above figures. Further the increase in the angle of inclination results in diagonally parallel 
isotherms instead of the nearly horizontal isotherms observed at 0   . 
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Fig. 2. Temperature contours at 0.5y   plane for 510Ra   in a different angle (a) 00   (b) 
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phenomenon can be well understood by plotting the velocity vectors on the various 
symmetric mid-planes along the principal axes. Figures. 3(a) to 3(d) represent the velocity 
vectors plotted on x z  plane at 0.5y   symmetric plane of the cavity for 

0 ,30 ,45 ,60      , respectively at 510Ra  . As the angle of inclination increases the effect 
of decreased buoyancy forces is felt on the flow pattern. With increase in the angle of 
inclination, the velocity gradient decreases near the vertical walls as observed in the above 
figures. 
 
(a)                                                                   (b) 
 
 
 
 
 
 
 
 
 
 
 
 
(c)                                                                      (d) 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Fig. 3. Velocity vectors at 0.5y   plane for 510Ra   in a different angle (a) 00   (b) 

030   (c) 045   (d) 060   
 
The capability of the present numerical scheme can be tested by plotting the vorticity 
contours at the 0.5y   plane as shown in Figure 4 for different angles of inclination for 
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510Ra  . As the angle of inclination increases, the buoyancy force is not sufficient enough to 
generate the convective current of the fluid. Hence the expected increased fluid convection 
due to decrease in the angle of inclination.  
 
(a)                                                                (b) 
 
 
 
 
 
 
 
 
 
 
 
  (c)                                                                   (d) 
 
 
 
 
 
 
 
 
 
 
 
 
Fig. 4. Vorticity contours at 0.5y   plane for 510Ra   in a different angle (a) 00   (b) 

030  (c) 060   (d) 075   
 
Nusselt number is an important non-dimensional parameter in convective heat transfer 
study. The mean value of the Nusselt number computed for the isothermal walls are shown 
as variations along the y  direction in Figures. 5(a) to 5(d) for 3 4 5 610 ,10 ,10 ,10Ra   
respectively. An initial look on the range of the Nusselt number values shown on these 
figures clearly indicates that the Nusselt number increases with increase in the value of the 
Rayleigh number as expected. A symmetric variation is observed in all these figures. 
However the number of peaks and their positions vary with the value of the Rayleigh 
number. The maximum value of the Nusselt number is achieved only for 0    as expected. 
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figures. 
 
(a)                                                                   (b) 
 
 
 
 
 
 
 
 
 
 
 
 
(c)                                                                      (d) 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Fig. 3. Velocity vectors at 0.5y   plane for 510Ra   in a different angle (a) 00   (b) 

030   (c) 045   (d) 060   
 
The capability of the present numerical scheme can be tested by plotting the vorticity 
contours at the 0.5y   plane as shown in Figure 4 for different angles of inclination for 
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510Ra  . As the angle of inclination increases, the buoyancy force is not sufficient enough to 
generate the convective current of the fluid. Hence the expected increased fluid convection 
due to decrease in the angle of inclination.  
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Fig. 4. Vorticity contours at 0.5y   plane for 510Ra   in a different angle (a) 00   (b) 
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Nusselt number is an important non-dimensional parameter in convective heat transfer 
study. The mean value of the Nusselt number computed for the isothermal walls are shown 
as variations along the y  direction in Figures. 5(a) to 5(d) for 3 4 5 610 ,10 ,10 ,10Ra   
respectively. An initial look on the range of the Nusselt number values shown on these 
figures clearly indicates that the Nusselt number increases with increase in the value of the 
Rayleigh number as expected. A symmetric variation is observed in all these figures. 
However the number of peaks and their positions vary with the value of the Rayleigh 
number. The maximum value of the Nusselt number is achieved only for 0    as expected. 
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contours at the 0.5y   plane as shown in Figure 4 for different angles of inclination for 

0

0.2

0.4

0.6

0.8

z

-0.4 -0.2 0 0.2 0.4
x

0
0.2

0.4
0.6

0.8

y

0

0.25

0.5

0.75

y

0

0.2

0.4

0.6

0.8

z
-0.4

-0.2

0

0.2

0.4

x

0

0.25

0.5

0.75

y
0

0.2

0.4

0.6

0.8

z

-0.4

-0.2

0

0.2

0.4

x

0

0.25

0.5

0.75

y

0

0.2

0.4

0.6

0.8

z

-0.4

-0.2

0

0.2

0.4

x

 

510Ra  . As the angle of inclination increases, the buoyancy force is not sufficient enough to 
generate the convective current of the fluid. Hence the expected increased fluid convection 
due to decrease in the angle of inclination.  
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Fig. 4. Vorticity contours at 0.5y   plane for 510Ra   in a different angle (a) 00   (b) 
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Nusselt number is an important non-dimensional parameter in convective heat transfer 
study. The mean value of the Nusselt number computed for the isothermal walls are shown 
as variations along the y  direction in Figures. 5(a) to 5(d) for 3 4 5 610 ,10 ,10 ,10Ra   
respectively. An initial look on the range of the Nusselt number values shown on these 
figures clearly indicates that the Nusselt number increases with increase in the value of the 
Rayleigh number as expected. A symmetric variation is observed in all these figures. 
However the number of peaks and their positions vary with the value of the Rayleigh 
number. The maximum value of the Nusselt number is achieved only for 0    as expected. 
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phenomenon can be well understood by plotting the velocity vectors on the various 
symmetric mid-planes along the principal axes. Figures. 3(a) to 3(d) represent the velocity 
vectors plotted on x z  plane at 0.5y   symmetric plane of the cavity for 

0 ,30 ,45 ,60      , respectively at 510Ra  . As the angle of inclination increases the effect 
of decreased buoyancy forces is felt on the flow pattern. With increase in the angle of 
inclination, the velocity gradient decreases near the vertical walls as observed in the above 
figures. 
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Fig. 3. Velocity vectors at 0.5y   plane for 510Ra   in a different angle (a) 00   (b) 
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510Ra  . As the angle of inclination increases, the buoyancy force is not sufficient enough to 
generate the convective current of the fluid. Hence the expected increased fluid convection 
due to decrease in the angle of inclination.  
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Fig. 4. Vorticity contours at 0.5y   plane for 510Ra   in a different angle (a) 00   (b) 
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As the angle of inclination increases, the maximum value of the Nusselt number decreases 
as seen from these figures for the cases of 3 4 5 610 ,10 ,10 ,10Ra  .  
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Fig. 5. Distribution of the mean Nusselt number along the y direction for(a) 310Ra    
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The results discussed for the inclined cavity demonstrate that the present numerical 
algorithm has correctly predicted the convective heat transport process inside the cavity for 
different values of angle of inclination. The proposed algorithm could enforce the vorticity 
boundary values implicitly. This fact is verified by the expected results predicted by the 
present algorithm for the flow and the temperature fields. 
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6. Conclusion 
 

The present study is extended to cover both 2D and 3D viscous flow models with 
demonstrated application to natural convection in a differentially heated inclined cavity, 
and we have achieved results with high accuracy. We can conclude with certainty that our 
differential quadrature/velocity-vorticity formulation are able to successfully simulate 2D 
and 3D natural convection problems. Test results obtained for Rayleigh number in the range 
from 310  to 610  at the angle of incidence ( 0   ) show close agreements with other 
numerical scheme, producing the expected flow and temperature fields. The key issue in the 
salient characteristics of the different angle of incidence, 0 90    of natural convection in 
an inclined cavity are well-illustrated in the present study. 
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6. Conclusion 
 

The present study is extended to cover both 2D and 3D viscous flow models with 
demonstrated application to natural convection in a differentially heated inclined cavity, 
and we have achieved results with high accuracy. We can conclude with certainty that our 
differential quadrature/velocity-vorticity formulation are able to successfully simulate 2D 
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numerical scheme, producing the expected flow and temperature fields. The key issue in the 
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6. Conclusion 
 

The present study is extended to cover both 2D and 3D viscous flow models with 
demonstrated application to natural convection in a differentially heated inclined cavity, 
and we have achieved results with high accuracy. We can conclude with certainty that our 
differential quadrature/velocity-vorticity formulation are able to successfully simulate 2D 
and 3D natural convection problems. Test results obtained for Rayleigh number in the range 
from 310  to 610  at the angle of incidence ( 0   ) show close agreements with other 
numerical scheme, producing the expected flow and temperature fields. The key issue in the 
salient characteristics of the different angle of incidence, 0 90    of natural convection in 
an inclined cavity are well-illustrated in the present study. 
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6. Conclusion 
 

The present study is extended to cover both 2D and 3D viscous flow models with 
demonstrated application to natural convection in a differentially heated inclined cavity, 
and we have achieved results with high accuracy. We can conclude with certainty that our 
differential quadrature/velocity-vorticity formulation are able to successfully simulate 2D 
and 3D natural convection problems. Test results obtained for Rayleigh number in the range 
from 310  to 610  at the angle of incidence ( 0   ) show close agreements with other 
numerical scheme, producing the expected flow and temperature fields. The key issue in the 
salient characteristics of the different angle of incidence, 0 90    of natural convection in 
an inclined cavity are well-illustrated in the present study. 
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1. Introduction 
 

This chapter discusses the properties of the trimmed means as an adaptive robust estimator 
of a location paramer. In addition, it gives a thorough treatment of the measure of tail length 
R in adaptive robust estimation. Specifically, it provides the mathematical details in 
attempting to explain the properties of the trimmed mean, the derivations of the asymptotic 
property of the trimmed mean and the ratio R of the tail lengths as well as estimate of the 
variance of the trimmed mean, the results on the efficiency of the trimmed mean versus the 
untrimmed mean and the independence of the ratio R and the trimmed mean, and the 
demonstration on the the performance of the adaptive trimmed means for estimating a 
location parameter empirically. 
The least squares method of estimation has been practiced for a long time, and is still used 
frequently. It is closely tied to the normal distribution. Moreover, it has been generally 
realized that outliers in the data, which do not appear to come from the normal distribution 
but may have arisen from distribution with long(heavy ) tails like the Double Exponential, 
Mixture Normal, Weibull Distribution, Student’s T and Cauchy Distributions or possibly 
from gross errors, have unusually large influence on the least squares estimates. Robust 
methods of estimation have been developed to reduce the influence of outliers in the data, 
especially on the estimates. 
Statistics which are represented as a linear combination of order statistics, called L-estimates 
make a proper class of robust estimates for estimating a location parameter. The trimmed 
mean is a special class of L-estimates. Denote the trimmed mean by ,T  , where 1and   
are the trimming proportions of the left side and right side of the symmetric distributions , 
respectively. 
A number of nice properties of ,T  , have been cited in the textbook Staudte and Sheather 
(1990). We shall refer to the textbook by S.S. for short in the following. The properties are 
given as follows: (1) ,T   is robust to outliers up to 100 % on the left side and 100 (1 )%  
on the right side, (ii) the asymptotic efficiency relative to the untrimmed mean is 

2(1 )    and, (iii). It is simple to compute and its standard error may be estimated from 
the ( )    winsorized sample. Moreover, ,T  , is consistent and asymptotically 

13
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normal when the underlying distribution F is continuous at the unique quantiles 
11

1( ) (1 ),F x and F   
    see Stigler (1969). 

Generally, a larger proportion of data points should be trimmed when F has a longer tail 
and a smaller proportion, otherwise. Therefore, the choice of the trimming proportions 
would depend upon a priori knowledge of the tail-length of F. This information may not be 
available. Therefore, there is a need to determine the trimming proportions from the sample 
itself. The trimmed mean is called adaptive when the trimming proportions are determined 
from the data.  
Hogg(1967) considered the kurtosis as a measure of the tail-length, and use the sample 
kurtosis to determine the trimming proportions. His estimate of the center of a symmetric 
distribution is given by a combination of several trimmed means, associated with different 
trimming proportions. Subsequently, Hogg (1974) proposed a choice of the trimming 
proportions, based on the ratio R of two L-estimates. In a recent paper, Alam and Mitra 
(1996), have reviewed Hogg’s method and presented certain theoretical and empirical 
results on the application of R as a measure of tail-length, to determine the trimming 
proportions of an adaptive trimmed mean. In this chapter the robustness and asymptotic 
properties of the estimates ,T  , and R are derived. Moreover, Proportions of R as a suitable 
measure of the tail-length of F have been investigated. 

 
2. Properties of, , T  

Let Fn denote the empirical distribution of F, derived from a sample of n observations from 
F. We restrict consideration to estimators Tn of the form Tn = T(Fn), where T maps a class of 
distributions, including F and Fn, into the real line. The mapping T is called a descriptive 
measure, and Tn is an estimator of T. The stability (robustness) of Tn may be derived from 
the smoothness of T in the sense of continuity with respect to appropriate topologies, in a 
neighborhood of F. It is assumed here that the probability that Fn lies inside the 
neighborhood is quite high. 
Consider the three criteria of robustness of the descriptive measure T(F), based on the theory 
of robustness developed by Huber (1964) and Hampel (1968). They are called breakdown 
point, influence function and qualitative robustness. The robustness of the estimator Tn is 
assessed by these properties. Consider an,    neighborhood of F, consisting of all 
distributions G such that 

                  ( ) ( )
y

Sup F y G y                                                      (2.1) 

 
The breakdown point is the value of  , as   increases from 0 to 1, for which T(G) is 
arbitrarily far from T(F). The breakdown point is a quantitative measure of robustness, 
indicating the maximum proportion of outliers which the induced estimator Tn can accept. 
On the other hand, with regard to the second criterion , consider a mixture distribution, 
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  of outlier contamination at x for which ,( )xT F  is unbounded in x, where ,xF   is given by 

(2.2). The finite sample breakdown point *  is the smallest proportion of the n observations 

,( ( ) ( )) /xT F T F 

Adaptive Robust Estimator of a Location Parameter For Some Symmetric Distributions 215
 

normal when the underlying distribution F is continuous at the unique quantiles 
11

1( ) (1 ),F x and F   
    see Stigler (1969). 
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available. Therefore, there is a need to determine the trimming proportions from the sample 
itself. The trimmed mean is called adaptive when the trimming proportions are determined 
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Hogg(1967) considered the kurtosis as a measure of the tail-length, and use the sample 
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distribution is given by a combination of several trimmed means, associated with different 
trimming proportions. Subsequently, Hogg (1974) proposed a choice of the trimming 
proportions, based on the ratio R of two L-estimates. In a recent paper, Alam and Mitra 
(1996), have reviewed Hogg’s method and presented certain theoretical and empirical 
results on the application of R as a measure of tail-length, to determine the trimming 
proportions of an adaptive trimmed mean. In this chapter the robustness and asymptotic 
properties of the estimates ,T  , and R are derived. Moreover, Proportions of R as a suitable 
measure of the tail-length of F have been investigated. 
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neighborhood of F. It is assumed here that the probability that Fn lies inside the 
neighborhood is quite high. 
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of robustness developed by Huber (1964) and Hampel (1968). They are called breakdown 
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,T   (Fn) by ,T   suppressing n for convenience. F can be assumed to be a continuous 
distribution with a location parameter   which we want to estimate. If (1 )    then  

,T  (F) is a measure of location of F by a definition of location measure ( see S.S. 4.3.1). By an 
outlier in a location parameter context we mean, without being very specific, an observation 
which is considerably larger in absolute value than the bulk of the sample values. Various 
specific definitions of an outlier can be given. For example, an observation may be 
designated as an outlier if it is more than two or three times the interquartile range from the 
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in the sample which can render the estimator out of bound. It is easily seen that the 
breakdown point *  for the trimmed mean is equal to ˆmin( , 1 ).   

The influence function of ,T   is derived as follows. Let   and   denote the à and   

quantiles of F. It is assumed that the two quantiles are uniquely determined. The descriptive 
measure , ( )T F   is given by 
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where f(x) is the density function of F. Note the discontinuity of ,F at    . 
 

 

2.1 Asymptotic Property  
The asymptotic property of the trimmed mean can be derived from the relation (2.4). Putting 
Fn for G in (2.4) , the resulting equation is  
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Here x denotes a random observation from the distribution F. From (2.6) it can be shown 
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In comparison, the asymptotic variance of the  th quantile is given by 
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in the sample which can render the estimator out of bound. It is easily seen that the 
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2.2 Relative Efficiency 
Since the trimmed mean is a special member of the class of L-estimator, it is interesting to 
compare its asymptotic variance with the asymptotic variance of any other member of the 
class. Such as the untrimmed mean. The descriptive measure of an L-estimate, measuring 
location, is given by 
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where k is a probability distribution on (0,1). 
The trimmed mean , 1 ( )T F   is obtained by taking k uniform on ( ,1 ).   Let T1 and T2 be 
two L-estimators determined by k1 and k2, and let f1 and f2 denote the densities of K1 and K2, 
respectively. Suppose that 
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untrimmed mean is bounded below by (β-α) or (1-α)2. 
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where y  denotes the winsorized sample mean. From (2.6) and the asymptotic relation (2.9) 
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It is called the influence function estimate of the variance. It is also proportional to a 
Jackknife estimate of the variance (see Efron 1982), Sec. 3.3). 

 

3. Tail-length 
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compared to a sample from a distribution with shorter tail. Therefore, for estimating a 
location parameter, using a trimmed mean, the sample should be trimmed more if the 
underlying distribution has longer tail, for the sake of robustness. In order to determine the 
trimming proportions a measure of the tail-length is needed which can be estimated with 
some degree of precision. A measure of tail-length which has been referred to in the 
introduction is given, as follows.  

It is assumed throughout that the distribution F is symmetric about a location parameter   
and that the trimmed mean is symmetrized, that is, the trimming proportions are equal  
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where [ ]m n  and ( )ix  denotes the ith ordered value in the sample. 

Let 0 1 / 2.       The tail-length of F is given by 
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It can be noticed that the numerator and denominator of the right side of (3.1) are each 
invariant with respect to translation. Therefore, , ( ) R F is invariant with respect to both 

translation and scale transformation. Clearly, , ( ) R F  1 . Moreover, it is also clear that a 

longer value of the tail-length will induce a larger value of ,R   . Therefore, , ( )R F   is a 

suitable measure of the tail-length of F. The sample estimate of the tail-length is given by 
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The asymptotic property of , ( )nR F   is derived from an application of the asymptotic 
relation (2.9). Using (2.9) and the symmetry of F, a simple algebraic computation shows that 
the trimmed mean ( )nT F  and An and Bn are pair-wise uncorrelated when n is large. 
Moreover they are jointly normally distributed, asymptotically. Thus, the Theorem 3.1 can 
be stated as: 
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Theorem 3.1 
If F is symmetrically distributed then , ( )nR F   and ( )nT F  are asymptotically 
independent, as .n  Moreover, , ( )nR F   is asymptotically distributed as a ratio of 

two independent normal random variables, given by An/Bn. 
The statistical independence of the trimmed mean ( )nT F  and the tail-length , ( )nR F  , 
given by Theorem 3.1 , is a useful result. If the trimming proportions   of the trimmed 
mean is based on the tail-length , ( )nR F   the result implies that the asymptotic 

distribution of the adaptive trimmed mean is the same as if   was fixed a priori. Therefore, 
in testing a hypothesis or constructing a confidence interval, the nominal level of 
significance of the confidence level remains unchanged, at least for large values of n. 
In order to see how good is , ( )nR F   as a measure of tail-length, Table 1 below gives its 

values for certain proportions and   for a number of symmetric distributions with varying 
tail-length. In particular, consider the student ’s t-distribution with v degrees of freedom. Here 
the tail-length increases as v decreases. For v =1 the distribution is Cauchy which has a very 
long tail. On the other hand, as v. The distribution approaches the normal distribution 
whose tail-length is of typically normal size, so to speak. It is also shown in the table the 
asymptotic variance of the symmetrized trimmed mean, T   for certain values of  . 
 
In (3),   denotes the standard normal density function. The distribution (2) is a modified 
form of the standard Weibull distribution. 
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The following figures give the graphs of the density functions of the Double Exponential,. 
Weibull, Student’s T and normal mixture distribution as displayed below: 
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given by Theorem 3.1 , is a useful result. If the trimming proportions   of the trimmed 
mean is based on the tail-length , ( )nR F   the result implies that the asymptotic 

distribution of the adaptive trimmed mean is the same as if   was fixed a priori. Therefore, 
in testing a hypothesis or constructing a confidence interval, the nominal level of 
significance of the confidence level remains unchanged, at least for large values of n. 
In order to see how good is , ( )nR F   as a measure of tail-length, Table 1 below gives its 

values for certain proportions and   for a number of symmetric distributions with varying 
tail-length. In particular, consider the student ’s t-distribution with v degrees of freedom. Here 
the tail-length increases as v decreases. For v =1 the distribution is Cauchy which has a very 
long tail. On the other hand, as v. The distribution approaches the normal distribution 
whose tail-length is of typically normal size, so to speak. It is also shown in the table the 
asymptotic variance of the symmetrized trimmed mean, T   for certain values of  . 
 
In (3),   denotes the standard normal density function. The distribution (2) is a modified 
form of the standard Weibull distribution. 
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Table 1. Symmetric Distributions with the Density functions and the asymptotic variances  
 
The following figures give the graphs of the density functions of the Double Exponential,. 
Weibull, Student’s T and normal mixture distribution as displayed below: 
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Fig. 3. The graphs of the density functions of the Student’s T distributions at various 
parameters 
 

 

 

Rγ,δ                             Vα(T)            
_________________________________________________________________________________ 
(γ,δ)                                (.10,.20)   (.10,.25)   (.15,.30)   (.20,.30)   α:    0        .1       .15      .20      .25 
Double Exponential        2.10         2.37          2.65          2.70           2.00   1.85    1.61    1.45    1.32 
Weibull(λ=1/2)                3.06         3.58          4.17          4.28           120   45.41  34.73  22.97  20.64 
Normal Mixture               2.27        2.52          2.66          2.62           2.60    2.45    2.44    2.60    2.98   
(  =.2) 
Student’s vt  
   υ=2.0                                2.76        3.12         3.54          3.45              ∞     2.51    2.19    1.73   1.90 
     3.0                                   2.28        2.53         2.76          2.73           3.00    2.04    1.83    1.72   1.66 
     4.0                                   2.05        2.28         2.44          2.50           2.00    1.81    1.61    1.60   1.54 
     5.0                                   1.95        2.17         2.34          2.34           1.67    1.73    1.76    1.48   1.70 
     6.0                                   1.71        2.08         2.30          2.32           1.50    1.75    1.60    1.50   0.98 
      ∞                                    1.67        1.84         1.91          2.04           1.00    1.36    1.31    1.30   1.26 
_________________________________________________________________________________ 
Table 2. Tail-Length , ( )R F   and Asymptotic Variance Vα(T)  

 
Values of   A. Select 

 
x = )(2,.1. FR  

if 

A’. Select 
 

y = )(3,.15. FR  
if 

.05 x < 1.5 y < 2.0 

.10 1.5 ≤ x < 2.0 2.0 ≤ y < 2.5 

.15 2.0 ≤ x < 2.5 2.5 ≤ y < 3.0 

.20 2.5 ≤ x < 3.0 3.0 ≤ y < 3.0 

.30 3.0 ≤ x  3.5 ≤ y 
Table 3. Selection Rule for the values of Tail lengths and  
 
In Table 3, the selection rule is presented given the tail lengths which can be summarized as 
follow: 
Selection rule says that 

 if the tail lengths are x = .1,.2 ( )R F < 1.5  and y = .15,.3 ( )R F  < 2.0 
 then use  = .05.  

 if the tail lengths are 1.5 ≤ x < 2.0 and / or 2.0 ≤ y < 2.5 then use  = .10. 
 if the tail lengths are 2.0 ≤ x < 2.5 and/ or 2.5 ≤ y < 3.0 then use  = .15. 
 if the tail lengths are 2.5 ≤ x < 3.0 and / or 3.0 ≤ y < 3.0 then use  = .20. 
 if the tail lengths are 3.0 ≤ x and / or 3.5 ≤ y then use  = .30. 

 
4. Empirical Results 
 

From each of the distributions listed in Table 1, random samples of size n = 40 observations 
were generated. From these sample values, the adaptive Trimmed means Tα were computed 
according to the rule given in Table 3. Likewise, the trimmed mean Tα for two fixed values of  
α = .05 and .10 were also computed. Iterating the procedures m = 100 times, m values of  
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TA , TA’ , T.05 and T.10 were obtained together with their respective standard errors denoted by 
S(TA), S(TA’), S(T.05) and S(T.10). These values can be found in Table 4 below: 
 
Distribution                                S(TA)                      S(TA’)                     S(T.05)                 S(T.10) 
_________________________________________________________________________________ 
Double Exponential                  .185                         .185                        .203                    .193 
Weibull(λ=1/2)                         .560                         .553                         .759                    .632 
Normal Mixture                        .358                         .341                        .465                     .411 
( =.2) 
Student’s vt  
    υ=2.0                                        .177                        .177                        .266                       .224 
     3.0                                           .156                        .151                        .218                       .187 
     4.0                                           .167                        .163                        .220                       .200 
     5.0                                           .149                        .143                        .193                       .173 
     6.0                                           .154                        .145                        .200                       .174 
      ∞                                            .430                        .417                        .507                       .471 
_________________________________________________________________________________ 
Table 4. Standard Errors of TA , TA’ , T.05 and T.10 

 
A comparison between the standard deviations and the adaptive trimmed means TA and TA’ 
and the nominal trimmed means T.05 and T.10 whose trimming proportions have been fixed 
a’ priori would indicate the relative efficiency of the adaptive procedure. It is seen from 
Table 4 that the sample estimates of the standard deviations of the adaptive trimmed means 
are always smaller than those of the nominal trimmed means. These results substantiate the 
findings given in the paper by Alam and Mitra (1996).  

 
5. Findings in the Study 
 

Considering the measures of robustness such as breakdown point, influence function and a 
qualitative robustness, the following results are revealed. 
5.1 The trimmed mean Tα,β has a breakdown point of min (α,1-β). This implies that at this 
proportion of n observations in the sample the estimator can be out of bound. 
5.2 The asymptotic property of the trimmed mean derived is that as the number of n 
observations approach infinity, its distribution is normal with mean 0 and variance Vα,β 
defined as expectation of the square influence function of the trimmed mean. This variance 
is a function of the quantiles and winsorized means. 
5.3 The tail length of F given by the ratio Rα,β (F) is invariant with respect to translation and 
scale transformation and its value is greater than or equal to 1. 
5.4 If F is symmetrically distributed then the ratio R and the trimmed mean T are 
asymptotically independent, as n goes to infinity. This is a very important result since this 
implies that the asymptotic distribution of the adaptive trimmed mean is the same as if α 
was fixed a priori. 
5.5 The ratio R is asymptotically distributed as a ratio of two independent random normal 
variables. 
5.6 It was shown empirically that the adaptive trimmed means are relatively more efficient 
than the nominal trimmed means fixed at 5% and 10%. 

 

6. Conclusion 
 

6.1 The ratio Rα,β (F) is a good measure of tail length. The larger is its value the more outliers 
are there in the distribution of data. Its goodness can be attributed to the asymptotic 
independence of the ratio R to the trimmed means Tα,β. 
6.2 The empirical results showed that relatively the adaptive trimmed means are efficient 
than the nominal trimmed means where the trimming proportions were fixed a priori. 
Hence, in the absence of a ‘ priori trimming proportions, the choice of the appropriate 
trimming proportions using the proposed ad hoc rule may be used with advantage. 

 
7. Future Direction 
 

7.1 The refinement and applicability of the selection rule on the trimming proportions  
corresponding to the tail lengths , ( )R F   specifically for some mentioned symmetric 
distributions like the double exponential, mixtures of normal, Weibull, and the Student’s T 
distributions are recommended.  
7.2 Investigation on the applicability of the selection rule with some adjustments on the 
degree of skewness for assymetrical distribution are hereby recommended. The extension of 
the procedure can be explored for  quantile regression analysis on the choice of the τ th 
quantile values.  
7.3 The Hodges-Lehmann estimator is the median of the set of all averages of pairs of 
observations. It combines the robustness property of the mean with the efficiency of the 
averaging process. Its asymptotic variance is given by 
 

2 21( ) ( ( ) )1 2H LV F f y d y              (7.1) 

 
for symmetric F, where f denotes the density function. It would be interesting to compare 
the asymptotic variance of the trimmed mean with 7.1 for a future study. 
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TA , TA’ , T.05 and T.10 were obtained together with their respective standard errors denoted by 
S(TA), S(TA’), S(T.05) and S(T.10). These values can be found in Table 4 below: 
 
Distribution                                S(TA)                      S(TA’)                     S(T.05)                 S(T.10) 
_________________________________________________________________________________ 
Double Exponential                  .185                         .185                        .203                    .193 
Weibull(λ=1/2)                         .560                         .553                         .759                    .632 
Normal Mixture                        .358                         .341                        .465                     .411 
( =.2) 
Student’s vt  
    υ=2.0                                        .177                        .177                        .266                       .224 
     3.0                                           .156                        .151                        .218                       .187 
     4.0                                           .167                        .163                        .220                       .200 
     5.0                                           .149                        .143                        .193                       .173 
     6.0                                           .154                        .145                        .200                       .174 
      ∞                                            .430                        .417                        .507                       .471 
_________________________________________________________________________________ 
Table 4. Standard Errors of TA , TA’ , T.05 and T.10 

 
A comparison between the standard deviations and the adaptive trimmed means TA and TA’ 
and the nominal trimmed means T.05 and T.10 whose trimming proportions have been fixed 
a’ priori would indicate the relative efficiency of the adaptive procedure. It is seen from 
Table 4 that the sample estimates of the standard deviations of the adaptive trimmed means 
are always smaller than those of the nominal trimmed means. These results substantiate the 
findings given in the paper by Alam and Mitra (1996).  

 
5. Findings in the Study 
 

Considering the measures of robustness such as breakdown point, influence function and a 
qualitative robustness, the following results are revealed. 
5.1 The trimmed mean Tα,β has a breakdown point of min (α,1-β). This implies that at this 
proportion of n observations in the sample the estimator can be out of bound. 
5.2 The asymptotic property of the trimmed mean derived is that as the number of n 
observations approach infinity, its distribution is normal with mean 0 and variance Vα,β 
defined as expectation of the square influence function of the trimmed mean. This variance 
is a function of the quantiles and winsorized means. 
5.3 The tail length of F given by the ratio Rα,β (F) is invariant with respect to translation and 
scale transformation and its value is greater than or equal to 1. 
5.4 If F is symmetrically distributed then the ratio R and the trimmed mean T are 
asymptotically independent, as n goes to infinity. This is a very important result since this 
implies that the asymptotic distribution of the adaptive trimmed mean is the same as if α 
was fixed a priori. 
5.5 The ratio R is asymptotically distributed as a ratio of two independent random normal 
variables. 
5.6 It was shown empirically that the adaptive trimmed means are relatively more efficient 
than the nominal trimmed means fixed at 5% and 10%. 

 

6. Conclusion 
 

6.1 The ratio Rα,β (F) is a good measure of tail length. The larger is its value the more outliers 
are there in the distribution of data. Its goodness can be attributed to the asymptotic 
independence of the ratio R to the trimmed means Tα,β. 
6.2 The empirical results showed that relatively the adaptive trimmed means are efficient 
than the nominal trimmed means where the trimming proportions were fixed a priori. 
Hence, in the absence of a ‘ priori trimming proportions, the choice of the appropriate 
trimming proportions using the proposed ad hoc rule may be used with advantage. 

 
7. Future Direction 
 

7.1 The refinement and applicability of the selection rule on the trimming proportions  
corresponding to the tail lengths , ( )R F   specifically for some mentioned symmetric 
distributions like the double exponential, mixtures of normal, Weibull, and the Student’s T 
distributions are recommended.  
7.2 Investigation on the applicability of the selection rule with some adjustments on the 
degree of skewness for assymetrical distribution are hereby recommended. The extension of 
the procedure can be explored for  quantile regression analysis on the choice of the τ th 
quantile values.  
7.3 The Hodges-Lehmann estimator is the median of the set of all averages of pairs of 
observations. It combines the robustness property of the mean with the efficiency of the 
averaging process. Its asymptotic variance is given by 
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for symmetric F, where f denotes the density function. It would be interesting to compare 
the asymptotic variance of the trimmed mean with 7.1 for a future study. 
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1. Introduction 
 

The development of optical fiber communication in the last few years has made the optical 
fiber as a strong candidate for the future of telecommunication system. Optical code division 
multiple access (OCDMA) is one of the promising techniques for next generation broadband 
access network with unique features of full asynchronous transmission, low latency access, 
soft capacity on demand as well as optical layer security. The successful of CDMA has 
motivated the telecommunication community to investigate the potential of CDMA in 
optical domain. In OCDMA system, signals are encoded and decoded in optical domain 
without converting into electronic. There are many different kinds of OCDMA encoder and 
decoder, including coherent time-spreading (TS), Optical Orthogonal Code (OOC), Fiber 
Bragg Grating (FBG), Arrayed Waveguide Grating (AWG), and etc.  
AWG is one of the most promising devices for de(multiplexer) in optical communication 
systems due to the fact that AWG device have been proven capable of precisely 
de(multiplexing) a high number of optical signals with low insertion loss, high stability and 
low cost. This paper described the design and development of a low-cost encoding device 
for OCDMA systems based on AWG devices and optical switches, which is one of the new 
technologies of data transmission as compared to the conventional system. The OCDMA 
encoder is used to transmit the coded data in the optical communication system by using a 
16-channels AWG device and optical switches. This device promised a high security for data 
transmission because all the data will be transmitted in code form. The output wavelength 
from an AWG is coded with the binary code that are given by optical switch before that 
signal modulate with the carrier and transmitted to the receiver. An integrated circuit (IC) 
7805 voltage regulator circuit is designed to supply direct current (DC) at 5 volt for the 
optical switches. The N-ports encoder used N double pole double throw (DPDT) toggle 
switches to control the polarization of voltage source from +5 V to -5 V for 16 optical 
switches. When +5 V is given, the optical switch will give code ‘1’ and vice versa.  
In a proper design, an AWG device is specified by the number of channels, center frequency 
(fc), channel spacing (Δfch), free spectral range (ΔfFSR), channel bandwidth, maximum 
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insertion loss, maximum non-uniformity, maximum crosstalk level, and polarization 
dependence. Issues affecting the performance of AWG device including crosstalk, insertion 
loss (IL), polarization dependent dispersion, polarization rotation, passband shape, and 
passband position are discussed in this paper. Two methods are being used to study the 
specifications and characteristics of the AWG-based OCDMA encoder: linearity test and 
continuous signal test. Broadband source, tunable light source (TLS), and optical spectrum 
analyzer (OSA) are the measurement instruments that used to characterize the encoding 
device prototype to get the linearity of AWG, insertion loss, optical signal-noise-ratio 
(OSNR), insertion loss uniformity (non-uniformity), and crosstalk. The experimental results 
showed the crosstalk, insertion loss, insertion loss uniformity, and OSNR are 9.77 dB, <12 
dB, <1.63dB, and ≥20 dB. 
One of the applications of AWG-based OCDMA encoder is optical communication on 
passive optical networks (PONs). OCDMA has a powerful natural fit on PON because both 
are based on broadcast-and-select. As such, optimal sharing of optical medium and carrier is 
obtained. A PON shared-fiber architecture is envisaged to provide optical transparency in 
the access network layer, or even beyond. Using OCDMA on multiple wavelength channels 
in a PON offers huge bandwidths to a large number of subscribers for reduced 
infrastructure costs. 

 
2. Arrayed Waveguide Grating (AWG) 
 

In recent years, AWG has become increasingly popular as wavelength de(multiplexer) for 
wavelength division multiplexing (WDM) applications. They have proven to be capable of 
precise demultiplexing of a large number of channels with relative low losses (Amersfoort, 
1998). AWG was first proposed as a solution to the WDM problem by Smit in 1988 and was 
further developed in the following years by Takahashi (1990) who reported the first devices 
operating in the long wavelength window. Dragone (1991) extended the concept from 1xN 
demultiplexers to NxN wavelength routers which play an important role in multi-
wavelength network application. 
AWG also known as phased-array based device (PHASAR), because an array of waveguides 
is used for the de(multiplexing) of optical signals carrying transmission data with various 
wavelengths. The differences in length between the arrayed waveguides are critical for the 
necessary focusing and dispersion (whereby the signals are focused into the different output 
waveguides according to their wavelength). 
The key advantage of the AWG is that its cost is not dependent on wavelength count as in 
the dielectric filter solution. Therefore it suits metropolitan applications that require the 
cost-effective of large wavelength counts. Other advantage of the AWG is the flexibility of 
selecting its channel number and channel spacing and, as a result, various kinds of AWG’s 
can be fabricated in a similar manner (Shaari & Kien, 2000). 

 
2.1 Operation Principles of AWG 
Figure 1 illustrated a schematic layout of an AWG demultiplexer. The device consists of 
three main parts, which are input and output waveguides, two slab waveguide star couplers 
or free propagation region (FPR), and a phased array of multiple channel waveguides 
having a constant optical path length difference between adjacent waveguides (Adam et al., 
2008). The operation principle of the AWG de(multiplexer) is described as follows:  

 

In the conventional AWG, the incoming lightwave (DWDM/CWDM signal) propagates into 
the slab waveguide of the star coupler and diverges. It then propagates to the input aperture 
of array waveguides and is collected by, and propagates independently into, each arm of the 
array. The length of the array waveguides has been designed such that the optical path 
length difference (∆L) between adjacent array waveguides equals an integer (m) multiple of 
the center wavelength (λc) of the demultiplexer. As a consequence, the field distribution at 
the input aperture will be reproduced at the output aperture. Therefore, at this center 
wavelength, the light focuses in the center of the image plane (provided that the input 
waveguide is centered in the input plane) (Amersfoort, 1998). 
If the input wavelength is detuned from this center wavelength, phase changes occur in the 
array branches. Due to the constant path length difference between adjacent waveguides, 
this phase change increases linearly from the inner to outer array waveguides, which causes 
the wave front to be tilted at the output aperture. Consequently, the focal point in the image 
plane is shifted away from the center (Driessen et al., 2004). By placing receiver waveguides 
at proper positions along the image plane, spatial separation of the different wavelength 
channels is obtained. 
 

               
Fig. 1. The structure of AWG demultiplexer (Adam et al., 2008) 

 
2.2 Principles of Coding in Optical Domain 
Encoder and decoder are a pair of devices or subsystems required in an OCDMA system, 
where the encoder at the transmitter and decoder at the receiver. The function of the 
encoder is to amplitude-spectrally encode the source according to the specific code it uses. 
One unique encoded spectrum represents one channel; while a decoder consists of filter 
arranged in unique configurations with other components. Encoder and decoder can be 
implemented using any types of optical filtering technology, including AWGs, FBGs, free-
space diffraction gratings, thin-film filters and etc (Al-Junid et al., 2008).  
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cost-effective of large wavelength counts. Other advantage of the AWG is the flexibility of 
selecting its channel number and channel spacing and, as a result, various kinds of AWG’s 
can be fabricated in a similar manner (Shaari & Kien, 2000). 

 
2.1 Operation Principles of AWG 
Figure 1 illustrated a schematic layout of an AWG demultiplexer. The device consists of 
three main parts, which are input and output waveguides, two slab waveguide star couplers 
or free propagation region (FPR), and a phased array of multiple channel waveguides 
having a constant optical path length difference between adjacent waveguides (Adam et al., 
2008). The operation principle of the AWG de(multiplexer) is described as follows:  

 

In the conventional AWG, the incoming lightwave (DWDM/CWDM signal) propagates into 
the slab waveguide of the star coupler and diverges. It then propagates to the input aperture 
of array waveguides and is collected by, and propagates independently into, each arm of the 
array. The length of the array waveguides has been designed such that the optical path 
length difference (∆L) between adjacent array waveguides equals an integer (m) multiple of 
the center wavelength (λc) of the demultiplexer. As a consequence, the field distribution at 
the input aperture will be reproduced at the output aperture. Therefore, at this center 
wavelength, the light focuses in the center of the image plane (provided that the input 
waveguide is centered in the input plane) (Amersfoort, 1998). 
If the input wavelength is detuned from this center wavelength, phase changes occur in the 
array branches. Due to the constant path length difference between adjacent waveguides, 
this phase change increases linearly from the inner to outer array waveguides, which causes 
the wave front to be tilted at the output aperture. Consequently, the focal point in the image 
plane is shifted away from the center (Driessen et al., 2004). By placing receiver waveguides 
at proper positions along the image plane, spatial separation of the different wavelength 
channels is obtained. 
 

               
Fig. 1. The structure of AWG demultiplexer (Adam et al., 2008) 

 
2.2 Principles of Coding in Optical Domain 
Encoder and decoder are a pair of devices or subsystems required in an OCDMA system, 
where the encoder at the transmitter and decoder at the receiver. The function of the 
encoder is to amplitude-spectrally encode the source according to the specific code it uses. 
One unique encoded spectrum represents one channel; while a decoder consists of filter 
arranged in unique configurations with other components. Encoder and decoder can be 
implemented using any types of optical filtering technology, including AWGs, FBGs, free-
space diffraction gratings, thin-film filters and etc (Al-Junid et al., 2008).  
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2.3 Issues Affecting The Performance of AWGs 
In a proper design, an AWG device is specified by the number of channels, center frequency 
(fc), and channel spacing (Δfch), free spectral range (ΔfFSR), channel bandwidth, maximum 
insertion loss, maximum non-uniformity, maximum crosstalk level, and polarization 
dependence. Issues affecting the performance of AWG device including crosstalk, insertion 
loss (IL), polarization dependent dispersion, polarization rotation, passband shape, and 
passband position. 

 
2.3.1 Crosstalk 
The crosstalk of AWG may be caused by many mechanisms such as the truncation of mode 
field, mode conversion, phase distortion and the imperfections in the fabrication process 
(Zhou et al., 2007). However, the most obvious source of crosstalk is the coupling of the 
exponential tails of the field distributions between adjacent waveguides that depends on 
I/O waveguide separation and arrayed waveguide separation d along the interfaces of the 
slabs (see Figure 2). 
 

 
Fig. 2. Array waveguide illustration (Gorshe, 2006) 

 
2.3.2 Insertion loss (IL) 
AWG can work as de(multiplexer) and router to combine and separate wavelength 
channels, play important roles as a key optical component. For such passive devices, lower 
insertion losses are desirable. The insertion loss also refers to the reduction in optical power 
between an input and output port of AWG in decibels (dB). The insertion losses of AWG are 
due to different factors such as the material intrinsic properties, bent waveguides, transition 
loss of star coupler and fiber-to-waveguide coupling loss. Many methods have been studied 
extensively to reduce the insertion loss, which include low-index contrast SiO2-on-Si 
waveguide, high-index contrast waveguide with a spot-size converter, double-etched 
process, vertically etching the tapered waveguides, cascaded laterally tapered waveguide, 
and ultraviolet (UV)-tapered waveguide. These methods focus more specifically on the low-

 

loss coupling between fibers and AWG and the transition loss that occurs at the interface 
between the slabs and arrayed waveguides (Zhou et al., 2007). 

 
2.3.3 Polarization Dependent Dispersion 
Unless specifically engineered, waveguide boundary conditions cause quasi-TE and quasi-
TM polarized modes to propagate at different speeds (birefringence), particularly in the case 
of strongly confining waveguides. As well as birefringence due to waveguide geometry, 
stresses within the structure may occur due to fabrication processes that can cause 
anisotropy and stress birefringence. Birefringence causes a second “shadow” spot on the 
output plane of the FPR, where the TE- and TM- like polarizations have experienced 
different phase shifts, potentially coupling with the wrong output waveguide and causing 
inter-channel crosstalk. Several methods have been presented to reduce this polarization 
dependence, such as making the Free Spectral Range equal the difference between the phase 
change between TE and TM polarized modes, hence overlapping the TE/TM spots, or using 
a polarization converting lambda half-plate half way along the AWs, causing both 
polarizations to undergo the same phase change. Stress birefringence in the waveguides is 
treated to some extent by coating the waveguides with a stress inducing film or, as covered 
in, in the case of silicon on Silica waveguides, stress-relieving grooves can be cut either side 
of the waveguide (Lidgate, 2004). 

 
2.3.4 Polarization Rotation 
Curved waveguides by their nature will exhibit a certain amount of Polarization Rotation, 
where the light energy is transferred from one polarization to the other. Polarization 
rotation in the curved waveguides of the AWG is an effect that has not presently been 
covered by any paper on the subject of AWGs even though it may be in some cases a 
contributor to dispersion in the device (Lidgate, 2004). 

 
2.3.5 Passband Shape 
A sharp passband, such as the one illustrated schematically in Figure 3a, allows very little 
error in laser frequency and AWG wavelength tolerance. It is desirable in most 
circumstances to flatten the passband, as illustrated in Figure 3b, so that the device produces 
a similar output for small changes in laser wavelength. The ideal shape for the passband of 
an AWG is to have a flat top, with a deviation of less than 1 dB, for over 70% of the channel 
separation, and as wide a -3 dB bandwidth (Full Width Half Maximum (FWHM)) as 
possible without increasing crosstalk (Lidgate, 2004). 

 
2.3.6 Passband Position 
Design or fabrication errors cause a phase error at the end of the AWs which may shift the 
focal point away from the expected position, hence affecting the passband position. To 
compensate for this, the position of the focal point may be shifted by adjusting the 
temperature of the AWG. If the phase error for each waveguide is random, causing the spot 
to defocus, then separate heaters for each individual Arrayed Waveguide may be 
implemented. However this approach increases the energy consumed by the device and 
requires additional control circuitry, increasing the cost of manufacture (Lidgate, 2004). 
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Fig. 3. AWG channel passband, (a) typical and (b) with flattened, widened, passband 
(Lidgate, 2004). 

 
2.4 AWG and Its Application in Optical Communication on Passive Optical Networks 
(PONs) 
Since the Internet and broadband access network were introduced during the last decade, 
emerging applications, such as video on demand (VoD), digital cinema, telepresence, and 
high-quality audio transmission, demand high-throughput optical access networks with 
stringent quality of service (QoS) requirements. However, the infrastructure of current 
access networks suffers from limited bandwidth, high network management cost, low 
assembly flexibility, and bad network security, which obstructs the network from delivering 
integrated services to users (Zhang et al., 2006). Owing to the maturity of optical 
components and electronic circuits, optical fiber links have become practical for access 
networks. 
PON is one of the most promising solutions for fiber-to-the-office (FTTO), fiber-to-the-home 
(FTTH), fiber-to-the-business (FTTB), and fiber-to-the-curb (FTTC), since it breaks through 
the economic barrier of traditional point-to-point (P2P) solutions (Zhang et al., 2006). FTTH 
technology using PON is the most promising way to provide high quality broadband access. 
PON has been early described for FTTH as early as 1986. The first trial PON system was 
developed and deployed by British Telecom around 1989. First generation PON systems 
were developed by both major equipment vendors and start-up companies. The first 
deployments of commercial PON systems targeted business customers. The market was 
relatively small, however, since it was uncommon to have a cluster of business customers 
wanting access to bandwidth greater than DS1/E1 that were all reachable by the same PON 
(Gorshe, 2006). Nowadays, PON is commonly deployed as it can offer a cost-efficient and 
scalable solution to provide huge-capacity optical access (Prat, 2007). The cost effectiveness 
of PON depends on numbers of optical network units (ONUs) per optical line terminal 
(OLT) optical transceiver, the cost of fiber and its installation, the cost of the DSL 
transceivers at ONU and subscriber premise equipments, the overall cost of powering ONU, 
and the real estate cost of placing the ONU (Gorshe, 2006). 
PON has been standardized for FTTH solutions and is currently being deployed in the field 
by network service providers worldwide (Zhang et al., 2006). PON based on some 
multiplexing technologies, including wavelength division multiplexing (WDM), time 
division multiplexing (TDM), hybrid TDM/WDM, and optical code division multiplexing 
(OCDM). Even though time division multiple access (TDMA)-PON utilizes effectively the 

 

bandwidth of fiber, it has limitations in its increased transmission speed, difficulty in burst 
synchronization, low security, dynamic bandwidth allocation (DBA) requirement and 
inaccurate Ranging (Assi et al., 2003 & Ohara et al., 2003).  

 
2.4.1 WDM-PON 
Wavelength splitting (demultiplexing) and combining (multiplexing) are important 
functions in many optical applications. WDM enable optical de(multiplexing) in which the 
signals having different light wavelengths can be separated or combined to transmit in 
single optical fiber (Adam et al., 2008). WDM is an approach that can exploit the huge opto-
electronic bandwidth mismatch by requiring that each end-user’s equipment operate only at 
electronic rate, but multiple WDM channels from different end-users may be multiplexed on 
the same fiber (Mukherjee, 2000). 
WDM technology was originally developed and emerged as a solution to the problem of 
fiber depletion, being able to channel multiple wavelengths over a single optical fiber pair. 
At the same time, this technology has proved to be able to offer high speed data transport 
over a single wavelength in the optical layer at rates four times of more that legacy networks 
such as synchronous digital hierarchy (SDH) or asynchronous transfer mode (ATM) (2.5 
Gbps or 10 Gbps against typical 155 Mbps or 622 Mbps). Nonetheless, not all issues 
concerning this new technology have been adequately addressed, and despite its impressive 
potential, its interoperability with other networks, especially the IP network, is still an 
unsolved issue (Androulidakis & Kagklis, 2008). 
WDM technology uses wavelengths to transmit data parallel-by-bit or serial-by-character, 
which increases the capacity of the fiber by assigning incoming optical signal to specific 
frequencies (wavelengths) within designated frequency band and then multiplexing the 
resulting signal out into one fiber. There are two alternatives for WDM metro networks: 
Dense WDM (DWDM) for high capacity and long haul transmission; while coarse WDM 
(CWDM) mean for shorter transmission and metro network (Lounsbury, 2003). 
DWDM techniques are already adopted as the primary transmission medium in the 
backbone of commercial telecommunication networks. DWDM technology allows tens or 
hundreds of wavelength channels to be transmitted over a single optical fiber at a rate of 10 
Gbps per channel and beyond. This means that the data rate can reach 10 Tbps in each 
individual fiber. Properly designed and administered can potentially take advantage of this 
enormous bandwidth made possible by the DWDM technology (Chen & Verma, 2008). 
However, DWDM is generally not suitable for the edge owing to the prevalence of “sub-
wavelength” demands, for example, Ethernet-based service, storage area network (SAN) 
extension, and legacy private leased line (PLL) (Kasim, 2007). 
CWDM allows the wavelengths to be spaced farther apart, which allows for economical 
solutions in sparse applications as compared to DWDM which utilizes very closely spaced 
wavelength (around 0.8 nm). Both CWDM and DWDM technology have their place in 
current and emerging metro-network infrastructure. When these technologies are used in 
combination with appropriate optical fibers, the economic benefits, which help to lower 
system costs, are significant (Lounsbury, 2003). AWG device is a key element for WDM 
systems in optical telecommunication. 
The emerging WDM-PON becomes more favorable as the required bandwidth increases, 
but the technology comes at an extravagant price (Iwatsuki et al., 2004). In addition, the 
effect of statistical multiplexing is insignificant in multimedia communications 
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Fig. 3. AWG channel passband, (a) typical and (b) with flattened, widened, passband 
(Lidgate, 2004). 
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assembly flexibility, and bad network security, which obstructs the network from delivering 
integrated services to users (Zhang et al., 2006). Owing to the maturity of optical 
components and electronic circuits, optical fiber links have become practical for access 
networks. 
PON is one of the most promising solutions for fiber-to-the-office (FTTO), fiber-to-the-home 
(FTTH), fiber-to-the-business (FTTB), and fiber-to-the-curb (FTTC), since it breaks through 
the economic barrier of traditional point-to-point (P2P) solutions (Zhang et al., 2006). FTTH 
technology using PON is the most promising way to provide high quality broadband access. 
PON has been early described for FTTH as early as 1986. The first trial PON system was 
developed and deployed by British Telecom around 1989. First generation PON systems 
were developed by both major equipment vendors and start-up companies. The first 
deployments of commercial PON systems targeted business customers. The market was 
relatively small, however, since it was uncommon to have a cluster of business customers 
wanting access to bandwidth greater than DS1/E1 that were all reachable by the same PON 
(Gorshe, 2006). Nowadays, PON is commonly deployed as it can offer a cost-efficient and 
scalable solution to provide huge-capacity optical access (Prat, 2007). The cost effectiveness 
of PON depends on numbers of optical network units (ONUs) per optical line terminal 
(OLT) optical transceiver, the cost of fiber and its installation, the cost of the DSL 
transceivers at ONU and subscriber premise equipments, the overall cost of powering ONU, 
and the real estate cost of placing the ONU (Gorshe, 2006). 
PON has been standardized for FTTH solutions and is currently being deployed in the field 
by network service providers worldwide (Zhang et al., 2006). PON based on some 
multiplexing technologies, including wavelength division multiplexing (WDM), time 
division multiplexing (TDM), hybrid TDM/WDM, and optical code division multiplexing 
(OCDM). Even though time division multiple access (TDMA)-PON utilizes effectively the 

 

bandwidth of fiber, it has limitations in its increased transmission speed, difficulty in burst 
synchronization, low security, dynamic bandwidth allocation (DBA) requirement and 
inaccurate Ranging (Assi et al., 2003 & Ohara et al., 2003).  

 
2.4.1 WDM-PON 
Wavelength splitting (demultiplexing) and combining (multiplexing) are important 
functions in many optical applications. WDM enable optical de(multiplexing) in which the 
signals having different light wavelengths can be separated or combined to transmit in 
single optical fiber (Adam et al., 2008). WDM is an approach that can exploit the huge opto-
electronic bandwidth mismatch by requiring that each end-user’s equipment operate only at 
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such as synchronous digital hierarchy (SDH) or asynchronous transfer mode (ATM) (2.5 
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frequencies (wavelengths) within designated frequency band and then multiplexing the 
resulting signal out into one fiber. There are two alternatives for WDM metro networks: 
Dense WDM (DWDM) for high capacity and long haul transmission; while coarse WDM 
(CWDM) mean for shorter transmission and metro network (Lounsbury, 2003). 
DWDM techniques are already adopted as the primary transmission medium in the 
backbone of commercial telecommunication networks. DWDM technology allows tens or 
hundreds of wavelength channels to be transmitted over a single optical fiber at a rate of 10 
Gbps per channel and beyond. This means that the data rate can reach 10 Tbps in each 
individual fiber. Properly designed and administered can potentially take advantage of this 
enormous bandwidth made possible by the DWDM technology (Chen & Verma, 2008). 
However, DWDM is generally not suitable for the edge owing to the prevalence of “sub-
wavelength” demands, for example, Ethernet-based service, storage area network (SAN) 
extension, and legacy private leased line (PLL) (Kasim, 2007). 
CWDM allows the wavelengths to be spaced farther apart, which allows for economical 
solutions in sparse applications as compared to DWDM which utilizes very closely spaced 
wavelength (around 0.8 nm). Both CWDM and DWDM technology have their place in 
current and emerging metro-network infrastructure. When these technologies are used in 
combination with appropriate optical fibers, the economic benefits, which help to lower 
system costs, are significant (Lounsbury, 2003). AWG device is a key element for WDM 
systems in optical telecommunication. 
The emerging WDM-PON becomes more favorable as the required bandwidth increases, 
but the technology comes at an extravagant price (Iwatsuki et al., 2004). In addition, the 
effect of statistical multiplexing is insignificant in multimedia communications 



Recent Advances in Technologies232

 

 
Fig. 3. AWG channel passband, (a) typical and (b) with flattened, widened, passband 
(Lidgate, 2004). 

 
2.4 AWG and Its Application in Optical Communication on Passive Optical Networks 
(PONs) 
Since the Internet and broadband access network were introduced during the last decade, 
emerging applications, such as video on demand (VoD), digital cinema, telepresence, and 
high-quality audio transmission, demand high-throughput optical access networks with 
stringent quality of service (QoS) requirements. However, the infrastructure of current 
access networks suffers from limited bandwidth, high network management cost, low 
assembly flexibility, and bad network security, which obstructs the network from delivering 
integrated services to users (Zhang et al., 2006). Owing to the maturity of optical 
components and electronic circuits, optical fiber links have become practical for access 
networks. 
PON is one of the most promising solutions for fiber-to-the-office (FTTO), fiber-to-the-home 
(FTTH), fiber-to-the-business (FTTB), and fiber-to-the-curb (FTTC), since it breaks through 
the economic barrier of traditional point-to-point (P2P) solutions (Zhang et al., 2006). FTTH 
technology using PON is the most promising way to provide high quality broadband access. 
PON has been early described for FTTH as early as 1986. The first trial PON system was 
developed and deployed by British Telecom around 1989. First generation PON systems 
were developed by both major equipment vendors and start-up companies. The first 
deployments of commercial PON systems targeted business customers. The market was 
relatively small, however, since it was uncommon to have a cluster of business customers 
wanting access to bandwidth greater than DS1/E1 that were all reachable by the same PON 
(Gorshe, 2006). Nowadays, PON is commonly deployed as it can offer a cost-efficient and 
scalable solution to provide huge-capacity optical access (Prat, 2007). The cost effectiveness 
of PON depends on numbers of optical network units (ONUs) per optical line terminal 
(OLT) optical transceiver, the cost of fiber and its installation, the cost of the DSL 
transceivers at ONU and subscriber premise equipments, the overall cost of powering ONU, 
and the real estate cost of placing the ONU (Gorshe, 2006). 
PON has been standardized for FTTH solutions and is currently being deployed in the field 
by network service providers worldwide (Zhang et al., 2006). PON based on some 
multiplexing technologies, including wavelength division multiplexing (WDM), time 
division multiplexing (TDM), hybrid TDM/WDM, and optical code division multiplexing 
(OCDM). Even though time division multiple access (TDMA)-PON utilizes effectively the 

 

bandwidth of fiber, it has limitations in its increased transmission speed, difficulty in burst 
synchronization, low security, dynamic bandwidth allocation (DBA) requirement and 
inaccurate Ranging (Assi et al., 2003 & Ohara et al., 2003).  

 
2.4.1 WDM-PON 
Wavelength splitting (demultiplexing) and combining (multiplexing) are important 
functions in many optical applications. WDM enable optical de(multiplexing) in which the 
signals having different light wavelengths can be separated or combined to transmit in 
single optical fiber (Adam et al., 2008). WDM is an approach that can exploit the huge opto-
electronic bandwidth mismatch by requiring that each end-user’s equipment operate only at 
electronic rate, but multiple WDM channels from different end-users may be multiplexed on 
the same fiber (Mukherjee, 2000). 
WDM technology was originally developed and emerged as a solution to the problem of 
fiber depletion, being able to channel multiple wavelengths over a single optical fiber pair. 
At the same time, this technology has proved to be able to offer high speed data transport 
over a single wavelength in the optical layer at rates four times of more that legacy networks 
such as synchronous digital hierarchy (SDH) or asynchronous transfer mode (ATM) (2.5 
Gbps or 10 Gbps against typical 155 Mbps or 622 Mbps). Nonetheless, not all issues 
concerning this new technology have been adequately addressed, and despite its impressive 
potential, its interoperability with other networks, especially the IP network, is still an 
unsolved issue (Androulidakis & Kagklis, 2008). 
WDM technology uses wavelengths to transmit data parallel-by-bit or serial-by-character, 
which increases the capacity of the fiber by assigning incoming optical signal to specific 
frequencies (wavelengths) within designated frequency band and then multiplexing the 
resulting signal out into one fiber. There are two alternatives for WDM metro networks: 
Dense WDM (DWDM) for high capacity and long haul transmission; while coarse WDM 
(CWDM) mean for shorter transmission and metro network (Lounsbury, 2003). 
DWDM techniques are already adopted as the primary transmission medium in the 
backbone of commercial telecommunication networks. DWDM technology allows tens or 
hundreds of wavelength channels to be transmitted over a single optical fiber at a rate of 10 
Gbps per channel and beyond. This means that the data rate can reach 10 Tbps in each 
individual fiber. Properly designed and administered can potentially take advantage of this 
enormous bandwidth made possible by the DWDM technology (Chen & Verma, 2008). 
However, DWDM is generally not suitable for the edge owing to the prevalence of “sub-
wavelength” demands, for example, Ethernet-based service, storage area network (SAN) 
extension, and legacy private leased line (PLL) (Kasim, 2007). 
CWDM allows the wavelengths to be spaced farther apart, which allows for economical 
solutions in sparse applications as compared to DWDM which utilizes very closely spaced 
wavelength (around 0.8 nm). Both CWDM and DWDM technology have their place in 
current and emerging metro-network infrastructure. When these technologies are used in 
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environments for WDM-PON. Even though WDM-PON has several advantages over TDM-
PON, it has failed to attract attention from industries because of its high cost (Zhang et al., 
2006). 

 
2.4.2 OCDMA-PON 
OCDMA has been recently proposed as an alternative to frequency and time based multiple 
and multiplexing methods for next generation high speed optical fiber networks (Salehi, 
1989; Salehi & Brackett, 1989). OCDMA system has attracted increasing attention in recent 
years due to the following advantages: asynchronous access capability, accurate time of 
arrival measurements, flexibility of user allocation, ability to support variable bit rate, busty 
traffic and security against unauthorized users. OCDMA is a very attractive multi-access 
technique that can be used for local area network (LAN) and the first one mile (Salehi, 1989). 
CDMA can provides multiple access to a network without using wavelength sensitive 
components as in WDM, and without employing very high speed electronic data processing 
devices as are needed in TDM network. CDMA achieves multiple accesses by assigning a 
unique code to each user. To communicate with another node, users imprint their agreed 
upon code onto the data. Te receiver can then decode the bit stream by locking onto the 
same code sequence. The principle of OCDMA is based on spread spectrum techniques, it 
spreads the energy of the optical signal over a frequency band that is much wider than the 
minimum bandwidth required to send the information. This spreading is done by a code 
that is independent of the signal itself. Thus, an encoder is used to map each bit of 
information into a high rate (longer code length) optical sequence (Keiser, 2000). 
The key advantage of using CDMA is that, CDMA can be encoded and decoded in optical 
domain without converting the signal to electronic unless it need to be. This is extremely 
important because the electronic processing is much slower than the optical transmission 
rate. Due to this OCDMA has been recognized as one of the most important technologies for 
supporting many users in shared media simultaneous, and in some cases can increase the 
transmission capacity of an optical fiber (Salehi & Brackett, 1989). 
OCDMA-PON allows each ONU to use a different signal rate and format corresponding to 
the subscriber’s native client signal. OCDMA can also be used in conjunction with WDM for 
increased bandwidth capabilities. The concept behind CDMA is to carry multiple client 
signals with their transmission spectrum spread over the same channel. The symbols from 
the constituent signals are encoded in a manner that is recognizable by the decoder. The 
most amenable technique is direct sequence spread spectrum in which the symbols (e.g., 0 
and 1) of each client signal are encoded as a longer string of symbols at a higher rate. Each 
ONU uses a different string value for its symbols. Fortunately, optical direct sequence 
OCDMA can be implemented with passive diffraction filters. A typical implementation uses 
Bragg diffraction grating, which can be constructed using UV exposure of standard single 
mode fibers through a mask with the desired pattern. Other grating types can also be used. 
As illustrated in Figure 4, the encoder and decoder can use the same basic implementation. 
The signal is launched into one end of the filter. As the signal propagates through the filter, 
the grating pattern creates interference patterns as the light is reflected. The signal that 
reflects back out of the filter is thus modified in terms of both amplitude and phase, with the 
amount of symbol spread a function of the propagation time through the filter. At the 
receiver, the inverse operation converts the received spread spectrum symbol back into the 
original symbol (Gorshe, 2006). 

 

 
Fig. 4. OCDMA-PON illustration (Gorshe, 2006) 
 
Due to the linearity of the Bragg filter, the spread spectrum bandwidth is proportional to the 
number of ONUs. The OLT splits the received optical signal to multiple diffraction filters in 
order to recover the data from the different ONUs. In a classical OCDMA implementation, 
the transmitter and receiver use identical Bragg gratings. More sophisticated receivers can 
use different gratings at the transmitter and receiver, and can use a combination of optical 
and electrical domain processing. Proper design of the grating patterns results in a system 
where the effects of crosstalk can be eliminated at the receiver. Temperature control of the 
grating is important, since physical expansion or contraction of the filter changes the 
effective pattern. This feature can also be exploited, however, to achieve tunable filters. 
(Other tuning mechanisms also exist.) The lasers in an OCDMA system, however, do not 
require frequency stability (Gorshe, 2006). 
One major drawback to OCDMA-PON is that optical amplifiers are typically required to 
achieve an adequate signal to noise ratio. Due to the losses in the additional receiver splitter 
tree, circulators, and filters, ONUs per OLT splitter ratios without amplifiers are only in the 
2:1 to 8:1 range. The receivers are also relatively complex. Consequently, they haven’t 
proven to be as cost effective as some of the other alternatives (Gorshe, 2006). 

 
3. AWGs-based OCDMA Encoding Device 
 

3.1  Design and Development of AWG-based OCDMA Encoding Device Prototype 
A low-cost encoding device prototype is designed and developed for OCDMA systems 
using a 16-channels AWG device and optical switches. The optical switch only function with 
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environments for WDM-PON. Even though WDM-PON has several advantages over TDM-
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Due to the linearity of the Bragg filter, the spread spectrum bandwidth is proportional to the 
number of ONUs. The OLT splits the received optical signal to multiple diffraction filters in 
order to recover the data from the different ONUs. In a classical OCDMA implementation, 
the transmitter and receiver use identical Bragg gratings. More sophisticated receivers can 
use different gratings at the transmitter and receiver, and can use a combination of optical 
and electrical domain processing. Proper design of the grating patterns results in a system 
where the effects of crosstalk can be eliminated at the receiver. Temperature control of the 
grating is important, since physical expansion or contraction of the filter changes the 
effective pattern. This feature can also be exploited, however, to achieve tunable filters. 
(Other tuning mechanisms also exist.) The lasers in an OCDMA system, however, do not 
require frequency stability (Gorshe, 2006). 
One major drawback to OCDMA-PON is that optical amplifiers are typically required to 
achieve an adequate signal to noise ratio. Due to the losses in the additional receiver splitter 
tree, circulators, and filters, ONUs per OLT splitter ratios without amplifiers are only in the 
2:1 to 8:1 range. The receivers are also relatively complex. Consequently, they haven’t 
proven to be as cost effective as some of the other alternatives (Gorshe, 2006). 
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using a 16-channels AWG device and optical switches. The optical switch only function with 

Low-cost OCDMA Encoding Device based  
on Arrayed Waveguide Gratings (AWGs) and Optical Switches 235

 

environments for WDM-PON. Even though WDM-PON has several advantages over TDM-
PON, it has failed to attract attention from industries because of its high cost (Zhang et al., 
2006). 

 
2.4.2 OCDMA-PON 
OCDMA has been recently proposed as an alternative to frequency and time based multiple 
and multiplexing methods for next generation high speed optical fiber networks (Salehi, 
1989; Salehi & Brackett, 1989). OCDMA system has attracted increasing attention in recent 
years due to the following advantages: asynchronous access capability, accurate time of 
arrival measurements, flexibility of user allocation, ability to support variable bit rate, busty 
traffic and security against unauthorized users. OCDMA is a very attractive multi-access 
technique that can be used for local area network (LAN) and the first one mile (Salehi, 1989). 
CDMA can provides multiple access to a network without using wavelength sensitive 
components as in WDM, and without employing very high speed electronic data processing 
devices as are needed in TDM network. CDMA achieves multiple accesses by assigning a 
unique code to each user. To communicate with another node, users imprint their agreed 
upon code onto the data. Te receiver can then decode the bit stream by locking onto the 
same code sequence. The principle of OCDMA is based on spread spectrum techniques, it 
spreads the energy of the optical signal over a frequency band that is much wider than the 
minimum bandwidth required to send the information. This spreading is done by a code 
that is independent of the signal itself. Thus, an encoder is used to map each bit of 
information into a high rate (longer code length) optical sequence (Keiser, 2000). 
The key advantage of using CDMA is that, CDMA can be encoded and decoded in optical 
domain without converting the signal to electronic unless it need to be. This is extremely 
important because the electronic processing is much slower than the optical transmission 
rate. Due to this OCDMA has been recognized as one of the most important technologies for 
supporting many users in shared media simultaneous, and in some cases can increase the 
transmission capacity of an optical fiber (Salehi & Brackett, 1989). 
OCDMA-PON allows each ONU to use a different signal rate and format corresponding to 
the subscriber’s native client signal. OCDMA can also be used in conjunction with WDM for 
increased bandwidth capabilities. The concept behind CDMA is to carry multiple client 
signals with their transmission spectrum spread over the same channel. The symbols from 
the constituent signals are encoded in a manner that is recognizable by the decoder. The 
most amenable technique is direct sequence spread spectrum in which the symbols (e.g., 0 
and 1) of each client signal are encoded as a longer string of symbols at a higher rate. Each 
ONU uses a different string value for its symbols. Fortunately, optical direct sequence 
OCDMA can be implemented with passive diffraction filters. A typical implementation uses 
Bragg diffraction grating, which can be constructed using UV exposure of standard single 
mode fibers through a mask with the desired pattern. Other grating types can also be used. 
As illustrated in Figure 4, the encoder and decoder can use the same basic implementation. 
The signal is launched into one end of the filter. As the signal propagates through the filter, 
the grating pattern creates interference patterns as the light is reflected. The signal that 
reflects back out of the filter is thus modified in terms of both amplitude and phase, with the 
amount of symbol spread a function of the propagation time through the filter. At the 
receiver, the inverse operation converts the received spread spectrum symbol back into the 
original symbol (Gorshe, 2006). 

 

 
Fig. 4. OCDMA-PON illustration (Gorshe, 2006) 
 
Due to the linearity of the Bragg filter, the spread spectrum bandwidth is proportional to the 
number of ONUs. The OLT splits the received optical signal to multiple diffraction filters in 
order to recover the data from the different ONUs. In a classical OCDMA implementation, 
the transmitter and receiver use identical Bragg gratings. More sophisticated receivers can 
use different gratings at the transmitter and receiver, and can use a combination of optical 
and electrical domain processing. Proper design of the grating patterns results in a system 
where the effects of crosstalk can be eliminated at the receiver. Temperature control of the 
grating is important, since physical expansion or contraction of the filter changes the 
effective pattern. This feature can also be exploited, however, to achieve tunable filters. 
(Other tuning mechanisms also exist.) The lasers in an OCDMA system, however, do not 
require frequency stability (Gorshe, 2006). 
One major drawback to OCDMA-PON is that optical amplifiers are typically required to 
achieve an adequate signal to noise ratio. Due to the losses in the additional receiver splitter 
tree, circulators, and filters, ONUs per OLT splitter ratios without amplifiers are only in the 
2:1 to 8:1 range. The receivers are also relatively complex. Consequently, they haven’t 
proven to be as cost effective as some of the other alternatives (Gorshe, 2006). 

 
3. AWGs-based OCDMA Encoding Device 
 

3.1  Design and Development of AWG-based OCDMA Encoding Device Prototype 
A low-cost encoding device prototype is designed and developed for OCDMA systems 
using a 16-channels AWG device and optical switches. The optical switch only function with 



Recent Advances in Technologies236

 

a maximum receiving voltage source at 5 V. An adaptor device is used to convert the 
alternating current (AC) from the power supply to direct current (DC) and reduce the power 
supply from 240 VAC to 12 VDC. An IC 7805 voltage regulator circuit is designed to reduce 
the voltage output from adaptor device to 5 V for the optical switches as indicated in Figure 
5. In this study, only one voltage regulator circuit is required for distributing the output 
voltage (5 V) to 16 different optical switches. This design not only required a small spacing, 
but also can reducing the electronic components. 
 

 
Fig. 5. Schematic diagram of voltage polarity control of IC 7805 voltage regulator circuit 
 
The main purpose for voltage polarity control of voltage regulator circuit is to get an output 
voltage at +5 V or -5 V. The optical switch will automatically change (opposite) the 
polarization of voltage source from +5 V to -5 V. In the 16-channels encoder, each optical 
switch is control by a DPDT toggle switch. Therefore, 16 DPDT switches are required for 16 
different optical switches. Output voltage (5 V) from voltage regulator circuit is distributed 
to 16 different DPDT switches evenly to activate 16 optical switches. The output voltage is 5 
V when the switch 1 is push up, and alters to -5 V when the switch 2 is push down. 
Each optical switch is connected to an input and two output representation links (Link 1 and 
2). There are 8 pins of the optical switch responsible for controlling the polarization of 
voltage source. Among that, pin 1 and pin 8 are controlling the optical path exchange. When 
-5 V is provided to the optical switch, the input link is connected to link 1. On the other 
hand, the input link is connected to link 2 if +5 V is provided to the optical switch. The 
parameters of optical switch such energy switching, dissipation insertion, reflection losses, 
crosstalk, and switching time, play an important role in the optical switching. 

 
3.2 Characteristics of AWG-based OCDMA Encoder Prototype 
 

3.2.1 Linearity Test for Two AWGs with Back-to-back (Serial) Connection 
The linearity adjustment among two AWGs should proceed in designing an OCDMA 
encoder to assess counter their linearity's impact, although both AWGs’ specifications are 
similar. The specifications used in the linear test for 16-chnnels AWG-based encoding device 
are listed in Table 1. The encoding device is consists of 1 input port and 16 output ports for 
AWG de(mux). Impact linearity testing is conducted to compare the shapes (wavelength 
forms) between the transmission signals and receiving signals according to the specifications 
as described in Table 2 before characterizing the encoding device.  

 

 

First of all, the linearity test is conducted on a single AWG device to observe whether the 
AWG fulfill the key wavelength specifications as listed in Table 1 or not before connected 
with others. This test is important for identifying any failure or damaged in the device. The 
broadband laser source with center wavelength (λC) 1550 nm is supply to 16-channels 
demux and then to a 16-channels mux before connected to OSA for analyzing the spectrum 
specifications (Figure 6). The multiplexer also can be represented by the combination of two 
8x1 couplers and a 2x1 coupler as shown in Figure 7. Table 3 presented the λC, peak power, 
and different power for AWG back-to-back connection. The simulation result of AWG with 
channel spacing of 0.8 nm is shown in Figure 8. It showed the power output distribution of 
the 16-channels output waveguides, which indicate the simulated channel spacing of 0.8 
nm. Thus, output wavelength for each channel followed ITU specification. Figure 9 to 12 
depicted the spectrum displays and power plots on OSA. 
 

 
Fig. 6. The schematic layout of the linearity test for AWG with back-to-back connection 
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Wavelengths 
Channel Spectrum (THz) Measurement (THz) Δλ (GHz) 

1 1548.515 1548.517 0.002 
2 1549.315 1549.317 0.001 
3 1550.116 1550.117 0.001 
4 1550.918 1550.918 0.000 
5 1551.721 1551.720 -0.001 
6 1552.524 1552.523 -0.002 
7 1553.329 1553.326 -0.003 
8 1554.134 1554.130 -0.004 
9 1554.940 1554.937 -0.003 
10 1555.747 1555.742 -0.005 
11 1556.555 1556.549 -0.005 
12 1557.363 1557.358 -0.006 
13 1558.173 1558.167 -0.006 

  

  

 

14 1558.983 1558.977 -0.007 
15 1559.794 1559.787 -0.007 
16 1560.606 1560.599 -0.007 

Table 1. Specification for 16-channels AWG 
 

 AWG 1 AWG 2  

Channels λc (nm) Peak Power 
(dBm) λc (nm) Peak Power 

(dBm) Δλc 

1 1544.31 -19.81 1544.36 -23.3 0.058 
2 1545.12 -20.22 1545.12 -26.11 0 
3 1545.95 -21.78 1545.97 -25.9 0.024 
4 1546.78 -27.36 1546.83 -25.86 0.049 
5 1547.58 -22.01 1547.62 -24.7 0.042 
6 1548.42 -26.69 1548.46 -25.77 0.033 
7 1549.22 -26.8 1549.26 -29.26 0.031 
8 1550.07 -30.05 1550.08 -27.97 0.009 
9 1550.85 -27.06 1550.88 -24.82 0.033 
10 1551.67 -26.92 1551.7 -25.45 0.03 
11 1552.45 -21.91 1552.53 -25.86 0.077 
12 1553.29 -22.63 1553.37 -35.44 0.078 
13 1554.12 -22.33 1554.19 -24.57 0.073 
14 1554.94 -22.25 1555.01 -27.12 0.073 
15 1555.75 -22.97 1555.82 -25.68 0.077 
16 1556.56 -22.49 1556.62 -25.32 0.068 

Table 2. Center wavelength, peak power, and different power for AWG 1 and AWG 2 
 

Channels λc (nm) Peak Power (dBm) 
1 1543.760 -36.40 
2 1544.540 -36.40 
3 1545.370 -36.70 
4 1546.200 -36.90 
5 1547.040 -37.40 
6 1547.800 -36.90 
7 1548.620 -36.89 
8 1549.420 -36.87 
9 1550.220 -36.87 
10 1551.020 -36.80 
11 1551.900 -36.90 
12 1552.750 -55.40 
13 1553.520 -37.50 
14 1554.360 -37.50 
15 1555.200 -37.94 
16 1556.000 -38.40 

Table 3. Center wavelength, peak power, and different power for AWG back-to-back 
connection 
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connection 
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3.2.2 Continuous Signal Test 
The parameters of the AWG-based OCDMA encoder such as insertion loss, OSNR, 
uniformity, and crosstalk are measured through a continuous signal test to increase the 
service reliability and efficiency of coding to make sure any information or data are correctly 
delivered. The instruments and measurement equipments such broadband source, TLS 
source, and OSA are used in the experiment as summarized in Figure 13 with the help of 
block diagram. The output signals from demux port are coded in binary form, either ‘1’ or 
‘0’. When +5 V is given, the optical switch will give ‘1’ and ‘0’ is given to -5 V. The coding is 
based on the voltage polarity control of voltage regulator circuit. All the output signals will 
be combined by mux and then analyzed in OSA to observe the spectrums’ specifications. 
 

 
Fig. 13. Block diagram of continuous signal test for AWG-based OCDMA encoder 
 
Each optical switch has 2 delay ports and each port is connected to an optical fiber line with 
specified range. The wavelengths from demux will be modulated with the binary code ‘1’ in 
optical switches when voltage supply + 5 V are given. Then, the signals will move to the 
delay port (from port D1 to port D2) and returned to mux to deciphered and analyze in 
OSA. However, when voltage supply - 5 V are given, the signals still move to the delay port 
even though they don’t modulate with the binary code. This paper only displays and 
discusses the spectrums for channel 9 to channel 16. Figure 14 illustrated the spectrums 
displays in OSA when broadband source is given with the binary code 11111111. The 
characterization will be carried out based on the coding. Each output signals from demux 
are given a different binary code and analyzed in OSA. The parameters of uniformity and 
crosstalk can be identifying through the spectrums display. Table 4 presented the λC and 
peak power for each passband of AWG-based OCDMA encoder. 
Three parameters of the AWG-based OCDMA encoder: uniformity, crosstalk, and insertion 
loss, are measured in this test. Insertion loss uniformity, also known as non-uniformity, 
represents the difference between the maximum insertion loss, P1, and minimum insertion 
loss, P2, taken over all channels. The result indicates how evenly power is distributed at 
output. The uniformity measurement for AWG-based OCDMA encoder is shown in Figure 
15, where: 
 
Uniformity = Maximum peak power, P1 – Minimum peak power, P2                                       (1) 

= (-37.28) – (-38.91) = 1.63 dB 

               

 

Crosstalk is measured the degree of isolation between the input at one port and the optical 
power scattered or reflected back into the other input port. The calculated crosstalk for 
AWG-based OCDMA encoder is less than 9.77 dB (see Figure 16). 
Insertion loss (IL) denotes the loss in power each optical signal suffers as it moves through 
an AWG device. It is defined as the maximum loss within the channel passband for all 
polarization states and calculated as the difference (in dB) between the reference level (0 dB) 
and the measured output signal‘s point of lowest power within the passband. The value of 
wavelength for each port is acquired from the broadband source admitted into TLS source 
with input power 0 dB and the output power is listed in Table 5. The output power is the 
value for insertion loss. Theoretically, the insertion loss is measured for each device is used 
in testing. The loss for each optical switch is 1.2 dB and the patch cord cable absorbed 0.3 dB 
for each 3m. The connector loss is very small and can be neglected. The total losses: 
 
Total Loss = [(1.2 x 8) + (0.3 x 2) + (5.0x2)] dB = 20.2 dB    (2) 
 

Channels λc (nm) Passband Peak Power (dBm) 
Spectrum Measurement 3 dB 10 dB 

9 1544.94 1544.32 0.60 0.76 -37.69 
10 1555.75 1555.13 0.56 0.76 -38.51 
11 1556.56 1556.01 0.56 0.76 -38.91 
12 1557.36 1556.79 0.60 0.76 -38.5 
13 1558.17 1557.57 0.60 0.80 -37.28 
14 1558.98 1558.41 0.56 0.80 -38.06 
15 1559.79 1559.21 0.56 0.80 -37.77 
16 1560.61 1559.99 0.56 0.80 -38.20 

Table 4. Center wavelength and peak power of passband for 16-channels AWG-based 
OCDMA encoder 
 

    
Fig. 14. Spectrum display for 8-channels      Fig. 15. The uniformity measurement for  
AWG-based OCDMA encoder      8-channels AWG-based OCDMA encoder 
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Fig. 16. The crosstalk measurement for     Fig. 17. Insertion loss vs. output channels plot 
8-channels AWG-based OCDMA encoder 
 

Channels Wavelengths Broadband Source TLS Source IL, dB Spectrum Measurement Δλ λc, nm P, dB λc, nm P, dB 
9 1554.940 1554.937 -0.003 1544.32 0.00 1554.33 -10.83 10.83 
10 1555.747 1555.742 -0.005 1555.13 0.00 1555.14 -11.71 11.71 
11 1556.555 1556.549 -0.005 1556.01 0.00 1556.02 -12.05 12.05 
12 1557.363 1557.358 -0.006 1556.79 0.00 1556.80 -11.44 11.44 
13 1558.173 1558.167 -0.006 1557.57 0.00 1557.59 -10.14 10.14 
14 1558.983 1558.977 -0.007 1558.41 0.00 1558.42 -10.73 10.73 
15 1559.794 1559.787 -0.007 1559.21 0.00 1559.23 -10.49 10.49 
16 1560.606 1560.599 -0.007 1559.99 0.00 1560.01 -10.54 10.54 

Table 5. Specification and insertion loss for 8-channels AWG-based encoder 
 
The calculation for insertion loss is much more higher as compared to the experimental 
value. The insertion loss vs. output ports plot is indicated in Figure 17. The maximum 
insertion loss of 12.05 dB is at channel 11 and the minimum insertion loss of 10.14 dB is at 
channel 13. 

 
3.3 Signals Selective and Spectral Encoding 
256 binary codes can be produced from 8 optical switches, however acoording to the 
Enhancement Double-Weight (EDW) theory, only those codes consist 1 or 2 bit ‘1’ can be 
used for data transmission, the others will repeat the same data in signal delivery. These 
codes will provide the voltage source to the optical switches either + 5 V or – 5 V. The 
characterizations for each code can be used in data transmmision are listed in Table 6. 
Figure 17 to 22 showed the output spectrums that observed from OSA for data transmission 
based on EDW theory with wavelength between 1550 nm to 1562 nm. 
 

Binary Code OSNR (dB) 
00000001 -20.00 
00000010 -20.00 
00000011 -20.00 

 
 

 

00000100 -20.00 
00001000 -20.00 
00001100 -20.00 
00010000 -19.07 
00100000 -18.72 
00110000 -20.00 
01000000 -18.75 

Table 6. Binary code for signal transmission and OSNR 
 

    
Fig. 18. Spectrum display for code 00000001       Fig. 19. Spectrum display for code 00000011 
 

    
Fig. 20. Spectrum display for code 00000100       Fig. 21. Spectrum display for code 000001100 
 

    
Fig. 22. Spectrum display for code 10000000       Fig. 23. Spectrum display for code 11000000 
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3.4 The Developed Prototype 
A prototype was designed and developed to enable us to evaluate the performance in an 
actual propagation environment as illustrated in Figure 24 to 25. Using the developed 
prototype, we conducted a field experiment to investigate the technical feasibility. The 
parameters of the developed prototype in field experiment are shown in Table 7. 
 

 
Fig. 24. Photographic view of AWG-based OCDMA encode prototype before chasing 
 

    
Fig. 25. Photographic view of AWG-based OCDMA encode prototype, (a) Front view and 
(b) back view 
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Insertion Loss ≤ 12.0 dB 
Crosstalk ≤ 10.0 dB 

OSNR ≤ 20.0 dB 
Rated Voltage ± 5 V 

Dimension 60 x 40 cm 
Table 7. The parameters of the developed prototype 
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1. Introduction 
 

The Orthogonal Frequency Division Multiplexing (OFDM) is introduced as a wonder cure 
against everything that counteracts the high data rate wireless transmission (Andrews et al., 
2007). Unfortunately, the combination of different signals with different phase and 
frequency give a large dynamic range that is used to be characterized by a high Peak to 
Average power Ratio (PAR), which results in severe clipping effects and nonlinear 
distortion if the composite time signal is amplified by a power amplifier, which have 
nonlinear transfer function. This degrades the performance of an OFDM system. A measure 
of the degradation can be very helpful in evaluating the performance of a given system, and 
in designing a signaling set that avoids degradation. The high PAR sets strict requirements 
for the linearity of the PA. In order to limit the adjacent channel leakage, it is desirable for 
the PA to operate in its linear region. High linearity requirement for the PA leads to low 
power efficiency. This poor efficiency causes high power consumption, which leads to 
warming in physical devices. This is a problem especially in a base station where the 
transmitted power is usually high. (Gregorio & Laakso, 2005)  
The high peak to average power ratio (PAR) levels of OFDM signals attracts the attention of 
many researchers during the past decade. Several options appear in the literature related 
with OFDM systems and nonlinearities. Existing approaches that attack the PAR issue are 
abundant, but no general framework or quantitative comparisons among them exist to date. 
Actually the peak power problem in OFDM signals has been limited to the PAR reduction 
only, and the PAR reduction is considered as the issue regardless of the effect of this 
reduction on the system performance.  
In this chapter, a new trend in mitigating the peak power problem in OFDM systems is 
proposed, based on modeling the effect of power amplifier nonlinearities on OFDM 
systems. By analyzing the obtained model, We showed that the distortion due to Power 
amplifier effects, either clipping or nonlinear effects, is highly related to the dynamic range 
itself rather than the clipping level or the saturation level of the nonlinear amplifier which is 
used to be an indication of the effect of the PAR on the OFDM system degradation, and thus 
we propose two criteria to reduce the dynamic range of the OFDM, firstly, through the 
generation of an OFDM signal with inherently small dynamic range regardless of the PAR 
level, through examining the effect of modulation choice on OFDM system, and looking for 
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used to be an indication of the effect of the PAR on the OFDM system degradation, and thus 
we propose two criteria to reduce the dynamic range of the OFDM, firstly, through the 
generation of an OFDM signal with inherently small dynamic range regardless of the PAR 
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modulation formats which minimize peak power and retain high spectral efficiency we 
propose the use of N-MSK modulation instead of Qudrature QAM modulation and 
Secondly, the use of Walsh Hadamard Transform (WHT) as an intelligent factor to reduce 
the dynamic range of the OFDM signal without the risk of amplifying the noise when 
restoring the signal to its original level. Computer simulations of the OFDM system using 
Matlab are completely matched with the deduced model in terms of OFDM signal quality 
metrics such as BER, ACPR and EVM. Also simulation results show that even the reduction 
of PAR using the two proposed criteria's is not significant, the reduction in the distortion 
due to HPA with very small Input Back Off (IBO) values is truly delightful.  

 
2. PAR in OFDM systems 
 

OFDM signals have a higher Peak-to-Average Ratio (PAR)—often called a Peak-to- Average 
Power Ratio (PAPR) than single-carrier signals do. The reason is that in the time domain, a 
multicarrier signal is the sum of many narrowband signals. At some time instances, this sum 
is large and at other times is small; the peak power is broken into a sum (in terms of 
decibels) of average power and a peak-to-average power ratio, not to mention that 
traditional modulation and coding schemes have been designed from the standpoint of 
minimizing average power (Miller & O'Dea, 1998), which means that the peak value of the 
signal is substantially larger than the average value. This high PAR is one of the most 
important implementation challenges that face OFDM, because it reduces the efficiency and 
hence increases the cost of the RF power amplifier, which is one of the most expensive 
components in the radio (Hanzo et al., 2003). An alternative measure of the envelope 
variation of a signal is the Crest Factor (CF), which is defined as the maximum signal value 
divided by the RMS signal value. For an unmodulated carrier, the Crest factor is 3 dB. This 
3-dB difference between the PAR ratio and Crest factor also holds for other signals, 
provided that the center frequency is large in comparison with the signal bandwidth.  
In this section, we quantify the PAR problem, and explain its severity in OFDM systems. Let 
A= (Ao, A1, …, AN-1) be a modulated data sequence of length N during the time interval [0, 
T], where Ai is a symbol from a signal constellation and T is the OFDM symbol duration. 
Then the complex envelope of the base-band OFDM signal for N carriers is given by:  
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Where, ow 2 /  and j= 1T  . In practical systems, a guard interval (cyclic prefix) is 
inserted by the transmitter in order to remove inter-symbol interference (ISI), and Inter-
channel interference (ICI) in the multipath environment. However, it can be ignored since it 
does not affect the PAR. The PAR of the transmit signal s(t), defined above in (1), is the ratio 
of the maximum instantaneous power and the average power, given by (Tellado, 1999):  
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Where, E{.} denotes the expectation operator. Usually, the continuous time PAR of s(t) is 
approximated using the discrete time PAR, which is obtained from the samples of the 
OFDM signal. While the discrete-time PAR is several decibels less than that of the un-coded 
case. This shows that both caution and care must be exercised when the discrete-time PAR is 
used as a measure of PAR-reduction. It is shown that; with an over-sampling of L=4, the 
difference between the continuous-time and discrete-time PAR is negligible. 
Recentely, (Litsyn & Yudin, 2005) studied some mathematical relationships between the 
PAR in continuous and sampled time points, they gave an upper bound and a lower bound 
for the ratio of the two PAR values, and a probably tighter upper bound for the continuous 
PAR, given the sampled PAR and its derivative against time.  
The issue of over-sampling was also considered. The mathematics may be interesting, and 
the results are helpful in estimating the continuous PAR. However, the work assumes that 
the sub-carrier modulations are constant-modulus.  

 
2.1 The PAR Problem  
When transmitted through a nonlinear device, such as a high-power amplifier (HPA) or a 
digital to analog converter (DAC) a high peak signal, generates out-of-band energy (spectral 
regrowth) and in-band distortion (constellation tilting and scattering). These degradations 
may affect the system performance severely.  

 
2.1.1 Sensitivity to Nonlinear Amplification  
In general, nonlinear amplifier clips the amplitude of input signal. The sudden changes of 
the input amplitude generate higher spectral components in the power spectrum of the 
signal, so it results in a spectrum spreading. The spectrum spreading by nonlinear 
amplification is a cause of Adjacent Channel Interference (ACI) (Hara & Prasad, 2003).  
The nonlinear behavior of an HPA can be characterized by amplitude modulation/ 
amplitude modulation (AM/AM) and amplitude modulation/phase modulation (AM/PM) 
responses. A typical AM/AM response for an HPA is shown in Figure 1, with the associated 
input and output back-off regions (IBO and OBO, respectively).  
Figure 1 A typical power amplifier response.  
Operation in the linear region is required in order to avoid distortion, so the peak value 
must be constrained to be in this region, which means that on average, the power amplifier 
is under-utilized by a back-off amount. To avoid such undesirable nonlinear effects, a 
waveform with high peak power must be transmitted in the linear region of the HPA by 
decreasing the average power of the input signal. This is called (input) backoff (IBO) and 
results in a proportional output backoff (OBO). High backoff reduces the power efficiency 
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modulation formats which minimize peak power and retain high spectral efficiency we 
propose the use of N-MSK modulation instead of Qudrature QAM modulation and 
Secondly, the use of Walsh Hadamard Transform (WHT) as an intelligent factor to reduce 
the dynamic range of the OFDM signal without the risk of amplifying the noise when 
restoring the signal to its original level. Computer simulations of the OFDM system using 
Matlab are completely matched with the deduced model in terms of OFDM signal quality 
metrics such as BER, ACPR and EVM. Also simulation results show that even the reduction 
of PAR using the two proposed criteria's is not significant, the reduction in the distortion 
due to HPA with very small Input Back Off (IBO) values is truly delightful.  
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OFDM signals have a higher Peak-to-Average Ratio (PAR)—often called a Peak-to- Average 
Power Ratio (PAPR) than single-carrier signals do. The reason is that in the time domain, a 
multicarrier signal is the sum of many narrowband signals. At some time instances, this sum 
is large and at other times is small; the peak power is broken into a sum (in terms of 
decibels) of average power and a peak-to-average power ratio, not to mention that 
traditional modulation and coding schemes have been designed from the standpoint of 
minimizing average power (Miller & O'Dea, 1998), which means that the peak value of the 
signal is substantially larger than the average value. This high PAR is one of the most 
important implementation challenges that face OFDM, because it reduces the efficiency and 
hence increases the cost of the RF power amplifier, which is one of the most expensive 
components in the radio (Hanzo et al., 2003). An alternative measure of the envelope 
variation of a signal is the Crest Factor (CF), which is defined as the maximum signal value 
divided by the RMS signal value. For an unmodulated carrier, the Crest factor is 3 dB. This 
3-dB difference between the PAR ratio and Crest factor also holds for other signals, 
provided that the center frequency is large in comparison with the signal bandwidth.  
In this section, we quantify the PAR problem, and explain its severity in OFDM systems. Let 
A= (Ao, A1, …, AN-1) be a modulated data sequence of length N during the time interval [0, 
T], where Ai is a symbol from a signal constellation and T is the OFDM symbol duration. 
Then the complex envelope of the base-band OFDM signal for N carriers is given by:  
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Where, E{.} denotes the expectation operator. Usually, the continuous time PAR of s(t) is 
approximated using the discrete time PAR, which is obtained from the samples of the 
OFDM signal. While the discrete-time PAR is several decibels less than that of the un-coded 
case. This shows that both caution and care must be exercised when the discrete-time PAR is 
used as a measure of PAR-reduction. It is shown that; with an over-sampling of L=4, the 
difference between the continuous-time and discrete-time PAR is negligible. 
Recentely, (Litsyn & Yudin, 2005) studied some mathematical relationships between the 
PAR in continuous and sampled time points, they gave an upper bound and a lower bound 
for the ratio of the two PAR values, and a probably tighter upper bound for the continuous 
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the results are helpful in estimating the continuous PAR. However, the work assumes that 
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amplification is a cause of Adjacent Channel Interference (ACI) (Hara & Prasad, 2003).  
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responses. A typical AM/AM response for an HPA is shown in Figure 1, with the associated 
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Figure 1 A typical power amplifier response.  
Operation in the linear region is required in order to avoid distortion, so the peak value 
must be constrained to be in this region, which means that on average, the power amplifier 
is under-utilized by a back-off amount. To avoid such undesirable nonlinear effects, a 
waveform with high peak power must be transmitted in the linear region of the HPA by 
decreasing the average power of the input signal. This is called (input) backoff (IBO) and 
results in a proportional output backoff (OBO). High backoff reduces the power efficiency 
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modulation formats which minimize peak power and retain high spectral efficiency we 
propose the use of N-MSK modulation instead of Qudrature QAM modulation and 
Secondly, the use of Walsh Hadamard Transform (WHT) as an intelligent factor to reduce 
the dynamic range of the OFDM signal without the risk of amplifying the noise when 
restoring the signal to its original level. Computer simulations of the OFDM system using 
Matlab are completely matched with the deduced model in terms of OFDM signal quality 
metrics such as BER, ACPR and EVM. Also simulation results show that even the reduction 
of PAR using the two proposed criteria's is not significant, the reduction in the distortion 
due to HPA with very small Input Back Off (IBO) values is truly delightful.  
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components in the radio (Hanzo et al., 2003). An alternative measure of the envelope 
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3-dB difference between the PAR ratio and Crest factor also holds for other signals, 
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Operation in the linear region is required in order to avoid distortion, so the peak value 
must be constrained to be in this region, which means that on average, the power amplifier 
is under-utilized by a back-off amount. To avoid such undesirable nonlinear effects, a 
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modulation formats which minimize peak power and retain high spectral efficiency we 
propose the use of N-MSK modulation instead of Qudrature QAM modulation and 
Secondly, the use of Walsh Hadamard Transform (WHT) as an intelligent factor to reduce 
the dynamic range of the OFDM signal without the risk of amplifying the noise when 
restoring the signal to its original level. Computer simulations of the OFDM system using 
Matlab are completely matched with the deduced model in terms of OFDM signal quality 
metrics such as BER, ACPR and EVM. Also simulation results show that even the reduction 
of PAR using the two proposed criteria's is not significant, the reduction in the distortion 
due to HPA with very small Input Back Off (IBO) values is truly delightful.  
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Where, E{.} denotes the expectation operator. Usually, the continuous time PAR of s(t) is 
approximated using the discrete time PAR, which is obtained from the samples of the 
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case. This shows that both caution and care must be exercised when the discrete-time PAR is 
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difference between the continuous-time and discrete-time PAR is negligible. 
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2.1 The PAR Problem  
When transmitted through a nonlinear device, such as a high-power amplifier (HPA) or a 
digital to analog converter (DAC) a high peak signal, generates out-of-band energy (spectral 
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amplification is a cause of Adjacent Channel Interference (ACI) (Hara & Prasad, 2003).  
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Figure 1 A typical power amplifier response.  
Operation in the linear region is required in order to avoid distortion, so the peak value 
must be constrained to be in this region, which means that on average, the power amplifier 
is under-utilized by a back-off amount. To avoid such undesirable nonlinear effects, a 
waveform with high peak power must be transmitted in the linear region of the HPA by 
decreasing the average power of the input signal. This is called (input) backoff (IBO) and 
results in a proportional output backoff (OBO). High backoff reduces the power efficiency 
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input PAR is doubled or the operating point (average power) is halved (Narayanaswami, 
2001). Clearly, it would be desirable to have the average and peak values are as close 
together as possible in order to maximize the efficiency of the power amplifier. in P  
Let us consider a case where an OFDM signal is amplified by a nonlinear device. The OFDM 
signal has non constant envelope; in other words, the waveform is like that of a narrowband 
Gaussian noise because of the central limiting theorem. Therefore, even if we try to reduce 
the spectrum spreading with a large input back-off, we cannot perfectly eliminate sudden 
inputs of the larger amplitudes. Furthermore, the out-band radiation generated from a sub-
carrier also becomes "inter-sub-carrier interference" for the neighboring subcarriers. 
Therefore, the severe inter-sub-carrier interference drastically deteriorates the BER 
performance.  
The nonlinearity severely influences the spectral characteristics of an OFDM signal. As can 
be seen from Figure 2, the OFDM signal corrupted by the amplifier corresponding to NLA 
for an IBO of 3 dB, 9 dB and 15 dB. As expected, there is a severe out-of-band radiation, and 
a very high IBO is necessary to reduce this radiation.  

 
Fig. 2. Spectrum of an OFDM signal with a nonlinear amplifier. (Schulze & Luders, 2005) 
 
Inside the main lobe, the useful signal is corrupted by the mixing products between all 
subcarriers. Simulations of the bit error rate would be necessary to evaluate the performance  
degradations for a given OFDM system and a given amplifier for the concrete modulation 
and coding scheme. For a given modulation scheme, the disturbances caused by the 
nonlinearities can be visualized by the constellation diagram in the signal space.  

 
2.1.2 Sensitivity of (A/D and D/A) Resolutions  
In addition to the large burden placed on the HPA, a high PAR requires high resolution for 
both the transmitter’s DAC and the receiver’s ADC, since the dynamic range of the signal is 
proportional to the PAR. High-resolution D/A and A/D conversion places an additional 
complexity, cost, and power burden on the system.  
Assume that the digital signal processors at the transmitter and receiver have the same q bit-
resolution. If we can deal with OFDM signal as a narrow band Gaussian noise with an 
average of zero and power of σn2 , then 99.7% of amplitude values ranges in [-3σs, 3σs] and 
99.994% of amplitude values ranges in [-4σs, 4σs] here we call σs effective amplitude. 
Different resolutions have different optimum values in the quantization ranges to minimize 
the BER (Hara & Prasad, 2003). 

 
3. Peak to Average Power Ratio Reduction Techniques 
 

Simply dimensioning the system components to be able to cope with the worst-case signal 
peaks is practically impossible. That is why solutions have been proposed over the years, to 
counteract the PAR problem. This section reviews the existing techniques used for PAR 
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reduction. All these techniques are categorized among three groups, namely: Coding, clip 
effect transformation and probabilistic techniques. A comparative study on these techniques 
has been done. All existing solutions involve some form of compromise. The most obvious 
one is the trade-off between bandwidth and computational complexity.  
Practical systems do not use the full signal amplitude range, from a systematic approach; a 
general framework can be postulated. In this framework, the dynamic range of the system is 
set to Δ, which is smaller than the maximum signal level. When Δ is normalized by dividing 
it by the square root of the average signal power 2

xσ  , it is refered to as  ( / )x   . The 
dynamic range of the D/A and A/D only needs to be equal to Δ now. Also the power 
amplifier has to deal with a smaller input signal range. 
When a signal is larger than this threshold Δ, it is clipped, which refers to hard amplitude 
limiting (Mestdagh, & Spruyt, 1996). However, the conversion from the digital to the analog 
domain causes peak regrowth and therefore some limiting could also be needed in the 
analog part of the system. Another and probably better option to avoid peak regrowth is to 
consider an over-sampled digital signal in the first place (Bahai et al, 2002). In any case, 
clipping causes in-band signal degradation, called clipping noise, which is approximately 
white in the signal band. For an over-sampled signal or analog clipping, also out-of-band 
radiation is generated. Appropriate filtering can reduce this effect (Gross & Veeneman, 
1994). The amount of clipping noise depends on the probability that the signal is clipped, 
which is the probability that the signal amplitude is above Δ. Since each time sample 
obtained via an IFFT can be approximated as a large sum of independent contributions (for 
N > 64), the probability density function of the signal amplitude is approximately Gaussian. 
The probability P() that at least one of the N elements of x is clipped is thus given by 

2

( ) 1 (1 )NP e     , in the case of no over-sampling is used (Muller& Huber, 1997). As 
mentioned above, this equation neglects D/A regrowth. The probability that the maximum 
peak of the OFDM signal is above , can be approximated by (Ochiai & Imai, 2001): 
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Setting the value of  at such a level that the clipping noise is negligible (e.g. 50 dB below the 
signal level is obtained when  = 4) is not optimal. Lowering Δ for a constant number of bits 
reduces the quantization noise quadratically. The clipping noise however increases, as the 
clipping probability is larger. Trading off one noise source versus the other minimizes the 
total noise and results in an increased overall Signal-to-Noise Ratio (SNR). Alternatively, for 
a constant SNR, the number of bits in the D/A and A/D can be decreased, lowering the 
implementation cost. To recapitulate: this framework imposes a limited signal range and 
clips peaks accordingly, governed by the total noise tradeoff. Existing PAR reduction 
techniques fit into this framework, as they all improve this noise tradeoff in some way. 
Block coding schemes aim at completely eliminating the clipping noise by allowing only 
symbols that have a peak amplitude smaller than Δ, at the cost of a lower data rate. Another 
class of techniques, clip effect transformation, tries not to eliminate clipping, but to reduce 
the effect it has on the system. Finally, a third class reduces the clipping noise directly by 
lowering the probability of clipping. This class is therefore called probabilistic, in contrast to 
the deterministic behavior of block coding. 

4. Modeling the effect of HPA on the OFDM signal 
 

The OFDM baseband signals can be modeled by complex Gaussian processes with Rayleigh 
envelope distribution and uniform phase distribution, if the number of carriers is 
sufficiently large. The degradation of instantaneous nonlinear amplifiers and the signal-to-
distortion ratio can be derived and expressed in an easy way. As a consequence, the output 
spectrum and the bit-error rate (BER) performance of OFDM systems are predictable both 
for uncompensated amplitude modulation/amplitude modulation (AM/AM) and 
amplitude modulation/pulse modulation (AM/PM) distortions. The aim of this work is to 
obtain the analytical expressions for the total degradation due to a nonlinear device and for 
the BER performance. 
Analog-to-digital (A/D) converters, mixers, and power amplifiers are usually the major 
sources of nonlinear distortions due to the limited range that they allow for signal dynamics. 
It is possible to distinguish between two different classes of nonlinear distortions: the first, 
hereafter named Cartesian, acts separately on the baseband components of the complex 
signal, while the second acts on the envelope of the complex signal. A/D distortions, called 
Cartesian clipping, belong to the first class, while AM/AM and AM/PM (amplitude and 
phase distortion which depends on the amplitude of the input) introduced by power 
amplifiers belong to the second class. 
The Bussgang theorem for real functions (Giunta, G. et.al, 1997) gives the separateness of a 
nonlinear output as the sum of a useful attenuated input replica and an uncorrelated 
nonlinear distortion, expressed by (Banelli & Cacopardi, 2000): 
 

d u d dS  (t) = S  (t) + n  (t) = s (t) + n  (t)α       ��� 
 
In this analysis, we will focus on nonlinear distortions introduced by power amplifiers as it 
is considered as the main source of degradation. 

 
4.1. OFDM Signal Statistical Properties 
It is well known that according to the central limit theory that, the real and imaginary parts 
of the OFDM signal completely agree with the normal distribution and consequently its 
absolute agrees with the Rayleigh distribution with Probability density function expressed 
by: 
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one is the trade-off between bandwidth and computational complexity.  
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set to Δ, which is smaller than the maximum signal level. When Δ is normalized by dividing 
it by the square root of the average signal power 2
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dynamic range of the D/A and A/D only needs to be equal to Δ now. Also the power 
amplifier has to deal with a smaller input signal range. 
When a signal is larger than this threshold Δ, it is clipped, which refers to hard amplitude 
limiting (Mestdagh, & Spruyt, 1996). However, the conversion from the digital to the analog 
domain causes peak regrowth and therefore some limiting could also be needed in the 
analog part of the system. Another and probably better option to avoid peak regrowth is to 
consider an over-sampled digital signal in the first place (Bahai et al, 2002). In any case, 
clipping causes in-band signal degradation, called clipping noise, which is approximately 
white in the signal band. For an over-sampled signal or analog clipping, also out-of-band 
radiation is generated. Appropriate filtering can reduce this effect (Gross & Veeneman, 
1994). The amount of clipping noise depends on the probability that the signal is clipped, 
which is the probability that the signal amplitude is above Δ. Since each time sample 
obtained via an IFFT can be approximated as a large sum of independent contributions (for 
N > 64), the probability density function of the signal amplitude is approximately Gaussian. 
The probability P() that at least one of the N elements of x is clipped is thus given by 
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reduction. All these techniques are categorized among three groups, namely: Coding, clip 
effect transformation and probabilistic techniques. A comparative study on these techniques 
has been done. All existing solutions involve some form of compromise. The most obvious 
one is the trade-off between bandwidth and computational complexity.  
Practical systems do not use the full signal amplitude range, from a systematic approach; a 
general framework can be postulated. In this framework, the dynamic range of the system is 
set to Δ, which is smaller than the maximum signal level. When Δ is normalized by dividing 
it by the square root of the average signal power 2

xσ  , it is refered to as  ( / )x   . The 
dynamic range of the D/A and A/D only needs to be equal to Δ now. Also the power 
amplifier has to deal with a smaller input signal range. 
When a signal is larger than this threshold Δ, it is clipped, which refers to hard amplitude 
limiting (Mestdagh, & Spruyt, 1996). However, the conversion from the digital to the analog 
domain causes peak regrowth and therefore some limiting could also be needed in the 
analog part of the system. Another and probably better option to avoid peak regrowth is to 
consider an over-sampled digital signal in the first place (Bahai et al, 2002). In any case, 
clipping causes in-band signal degradation, called clipping noise, which is approximately 
white in the signal band. For an over-sampled signal or analog clipping, also out-of-band 
radiation is generated. Appropriate filtering can reduce this effect (Gross & Veeneman, 
1994). The amount of clipping noise depends on the probability that the signal is clipped, 
which is the probability that the signal amplitude is above Δ. Since each time sample 
obtained via an IFFT can be approximated as a large sum of independent contributions (for 
N > 64), the probability density function of the signal amplitude is approximately Gaussian. 
The probability P() that at least one of the N elements of x is clipped is thus given by 

2

( ) 1 (1 )NP e     , in the case of no over-sampling is used (Muller& Huber, 1997). As 
mentioned above, this equation neglects D/A regrowth. The probability that the maximum 
peak of the OFDM signal is above , can be approximated by (Ochiai & Imai, 2001): 
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Setting the value of  at such a level that the clipping noise is negligible (e.g. 50 dB below the 
signal level is obtained when  = 4) is not optimal. Lowering Δ for a constant number of bits 
reduces the quantization noise quadratically. The clipping noise however increases, as the 
clipping probability is larger. Trading off one noise source versus the other minimizes the 
total noise and results in an increased overall Signal-to-Noise Ratio (SNR). Alternatively, for 
a constant SNR, the number of bits in the D/A and A/D can be decreased, lowering the 
implementation cost. To recapitulate: this framework imposes a limited signal range and 
clips peaks accordingly, governed by the total noise tradeoff. Existing PAR reduction 
techniques fit into this framework, as they all improve this noise tradeoff in some way. 
Block coding schemes aim at completely eliminating the clipping noise by allowing only 
symbols that have a peak amplitude smaller than Δ, at the cost of a lower data rate. Another 
class of techniques, clip effect transformation, tries not to eliminate clipping, but to reduce 
the effect it has on the system. Finally, a third class reduces the clipping noise directly by 
lowering the probability of clipping. This class is therefore called probabilistic, in contrast to 
the deterministic behavior of block coding. 

4. Modeling the effect of HPA on the OFDM signal 
 

The OFDM baseband signals can be modeled by complex Gaussian processes with Rayleigh 
envelope distribution and uniform phase distribution, if the number of carriers is 
sufficiently large. The degradation of instantaneous nonlinear amplifiers and the signal-to-
distortion ratio can be derived and expressed in an easy way. As a consequence, the output 
spectrum and the bit-error rate (BER) performance of OFDM systems are predictable both 
for uncompensated amplitude modulation/amplitude modulation (AM/AM) and 
amplitude modulation/pulse modulation (AM/PM) distortions. The aim of this work is to 
obtain the analytical expressions for the total degradation due to a nonlinear device and for 
the BER performance. 
Analog-to-digital (A/D) converters, mixers, and power amplifiers are usually the major 
sources of nonlinear distortions due to the limited range that they allow for signal dynamics. 
It is possible to distinguish between two different classes of nonlinear distortions: the first, 
hereafter named Cartesian, acts separately on the baseband components of the complex 
signal, while the second acts on the envelope of the complex signal. A/D distortions, called 
Cartesian clipping, belong to the first class, while AM/AM and AM/PM (amplitude and 
phase distortion which depends on the amplitude of the input) introduced by power 
amplifiers belong to the second class. 
The Bussgang theorem for real functions (Giunta, G. et.al, 1997) gives the separateness of a 
nonlinear output as the sum of a useful attenuated input replica and an uncorrelated 
nonlinear distortion, expressed by (Banelli & Cacopardi, 2000): 
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Fig. 3. Histogram of an OFDM signal (a) I component (b) Amplitude 
 
Figure 3 explicitly shows that the measured amplitude histogram of the in-phase 
component/Quadrature component and the signal absolute for a 256-subcarrier OFDM 
signal. It is clear that the distribution in figure 3-) obeys a Gaussian distribution while that in 
figure 3-b obeys a Rayleigh distribution. 

 
4.2. Power Amplifier Model  
Consider an input signal in polar coordinates as (Gregorio & Laakso, 2005) 
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Where M(ρ)  represents the AM/AM conversion and P(ρ) the AM/PM conversion 
characteristics of the power amplifier. 
Several models have been developed for nonlinear power amplifiers, the most commonly 
used ones are as follows: 

 
4.2.1 Limiter Transfer characteristics 
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Where A is the clipping level. This model does not consider AM/PM conversion. 

 

4.2.2 Solid-State Power Amplifier (SSPA)  
The conversion characteristics of solid-state power amplifier are modeled by Rapp’s SSPA 
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Where outV  and inV  are complex i/p & o/p, vsat is the output at the saturation point, and P 
is "knee factor" that controls the smoothness of the transition from the linear region to the 
saturation region of characteristic curve (a typical value of P is 1). 
 

 
Fig. 4. AM/AM conversion of HPA 
 
Figure 4 shows the AM/AM conversion of the two described models with A=1. It is clear 
from the figure; as the value of knee factor increases the SSPA model approaches the Limiter 
Model. 

 
4.3 Nonlinearity Distortion Analysis  
Here we will analyze the effect of nonlinear amplifier on the OFDM signal, first: we will 
consider the NLA as a limiter that is expressed by: 
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And thus the distortion due to the NLA as a limiter can be represented by an extra Gaussian 
noise with variance 2

lim iter  where 
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If we consider the solid state power amplifier model given by Rapp: 
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When plotting the deduced distortion models in eq. (11, 12) versus the distribution 
parameter (s) with saturation level a= 2 (AIP3 = 20 dB) we notice as shown in figure 5 below 
that the distortion due to the SSPA non-linearity is much more larger than that of its limiting 
effect, also it is obvious that the distortion is highly sensitive to any variation of the 
parameter (s) as the slopes of the curves show. 
 

 
Fig. 5. NLA Distortion Versus s, with saturation level a= 2 (AIP3 = 20dB) 
 
On the other hand, when plotting distortion model versus the saturation level with 
parameter (s=0.08) as depicted in figure 6, it is shown that the distortion decays as the value 
of saturation level increases. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Fig. 6. NLA Distortion Versus saturation level a, with s= 0.08 
 
From figures 5, 6 it is clear that the distortion due to these effects is highly related to (s) the 
distribution parameter, which controls the dynamic range itself, rather than the clipping 
level or the saturation level of the nonlinear amplifier. 
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When plotting the deduced distortion models in eq. (11, 12) versus the distribution 
parameter (s) with saturation level a= 2 (AIP3 = 20 dB) we notice as shown in figure 5 below 
that the distortion due to the SSPA non-linearity is much more larger than that of its limiting 
effect, also it is obvious that the distortion is highly sensitive to any variation of the 
parameter (s) as the slopes of the curves show. 
 

 
Fig. 5. NLA Distortion Versus s, with saturation level a= 2 (AIP3 = 20dB) 
 
On the other hand, when plotting distortion model versus the saturation level with 
parameter (s=0.08) as depicted in figure 6, it is shown that the distortion decays as the value 
of saturation level increases. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Fig. 6. NLA Distortion Versus saturation level a, with s= 0.08 
 
From figures 5, 6 it is clear that the distortion due to these effects is highly related to (s) the 
distribution parameter, which controls the dynamic range itself, rather than the clipping 
level or the saturation level of the nonlinear amplifier. 
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An OFDM system is simulated using 512 carriers with cyclic prefix length equal to 4. Each 
carrier is modulated using 16-QAM constellation. AWGN noise is included. BER 
simulations compared with theoretical results considering the power amplifier distortion 
models deduced above in equations (11), (12) are shown in Figure 7. 
 

 
Fig. 7. BER of OFDM system with HPA 
 
From figure 7, it is possible to see that it was predicted in the previous analysis. The effect of 
nonlinear power amplifier is illustrated, where a limiter amplifier is included in the 
simulations with IBO of 10 dB. The harmful effect of the nonlinearity can also be clearly 
seemed in this figure. And finally the figure shows that the computer simulations of BER are 
completely matched with the deduced models both the limiting and the nonlinearity effect. 
Table (1) shows The ACPR value for both limiting and non-linear effects with different 
limiting values relative to the maximum absolute value of the OFDM composite time signal 
Ymax. 
 

Sat.Level/ ACPR (dB) EVM 
Ymax Limiting SSPA Limiting SSPA 
1 -44.7094 -28.7268 1.3e-016 0.0929 
2 -44.7094 -31.0497 1.3e-016 0.0273 
10 -44.7094 -32.8791 1.3e-016 0.0012 
0.75 -30.4841 -27.2594 0.0126 0.1448 
0.5 -23.4736 -25.0624 0.0969 0.2474 
0.25 -14.5232 -22.3549 0.3972 0.4741 

Table 1. ACPR & EVM for different limiting values 
 
It is clear that as the limiting value decreases the ACPR increases. It can also be noted that 
the effect of nonlinearity on ACPR value is negligible as compared to that of limiting as the 
clip level varies; this is due to the fact that the spectral leakage that causes the ACPR to 

increase is mainly due to the clipping that can be viewed as windowing the spectrum by 
rectangular window. Table (1) shows also The EVM value for both limiting and non-linear 
effects with different limiting values, it is clear that as the limiting value decreases the EVM 
increases. And as the EVM is a measure of the total distortion it is highly affected by the 
nonlinearity rather than the limiting effect. 

 
5. OFDM Using Different Modulators 
 

In this section we consider the choice of low crest factor modulation techniques to be used in 
the OFDM system. We have compared among several families of modulation techniques, 
compare among these modulations techniques in OFDM for the spectral efficiency, BER, and 
PAR reduction, which reduce the effect of nonlinear amplifier. We propose to use a 
modulation technique with high spectral efficiency and less sensitive to nonlinear channel 
effects, which is the Minimum Shift Keying (MSK). For the sake of preserving the spectral 
efficiency we extend out proposal to the family of Multi-Amplitude 
Minimum Shift Keying (N-MSK) to be used with the OFDM system. 
When designing a constellation diagram for a modulation technique, some considerations 
must be given to (Hanzo et.al, 2000): 
The minimum Euclidean distance amongst phasors, which is characteristics of the noise 
immunity of the scheme 
The minimum phase rotation amongst constellation points, determining the phase jitter 
immunity 
The peak to average phasor power, which is a measure of robustness against non-linear 
distortion introduced by power amplifiers. 
The Bandwidth efficiency can be increased either by increasing the Number of signal phase 
levels, or by increasing the Number of signal amplitude levels, 
Increasing the signal amplitude levels has the drawback that the signal envelope is not 
constant and therefore non-linear amplification may cause spreading of the signal spectrum 
and increase in BER. 
Increasing the Number of phase levels will highly increase the BER. 
We have simulated an OFDM system shown in figure 8 with 256 carriers and oversampling 
factor of 2, with different modulation techniques, namely, M-PSK , M- QAM (with M=4, 8 
and 16) and N-MSK (with N=1,2,4). 
 

 
Fig. 8. Block diagram of an OFDM system 
 
When analyzing the statistical properties of the OFDM composite time signal we deduced 
the following: As shown in figure 9; the probability density function of the absolute OFDM 
signal agrees with the Rayleigh distribution for all used modulation techniques. 
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When analyzing the statistical properties of the OFDM composite time signal we deduced 
the following: As shown in figure 9; the probability density function of the absolute OFDM 
signal agrees with the Rayleigh distribution for all used modulation techniques. 



Recent Advances in Technologies260

 
Fig. 9. PDF of OFDM with different modulation 
 
It is clear that as M-increases in M-QAM the dynamic range increases and is not changed in 
M-PSK cases. 
 

 
Fig. 10. OFDM Spectrum with different modulation 
 
As shown in figure 10 in agreement to figure 9, We have noted that for M-PSK, as M 
increases no effect has been occurred to the dynamic range and the Magnitude remains 
nearly the same, while for M-QAM, as M increases the dynamic range increase and so the 
Magnitude, but both of them agree in the spectral efficiency increase as M increase. While in 
the case of MSK the dynamic range is less than that of QPSK. It is also noticeable from figure 
10 that the Bandwidth of MSK is nearly the same as that of QPSK, but with lower power. 
Table 2 Shows PAR, standard deviation 8 and the dynamic range of the OFDM signal with 
the above mentioned modulation techniques 

Modulation PAR (dB) STD (8) Absolute signal range 
MSK 8.3902 0.0427 0.0642 
QPSK 8.7001 0.0562 0.0912= MSK + 3 dB 
8-QAM 9.0063 0.0965 0.1470= QPSK +4 dB 
16-QAM 9.2989 0.1247 0.2213= 8QAM +3.5 dB 
32-QAM 10.082 0.1777 0.2780= 16QAM +2 dB 

Table 2. PAR and STD of OFDM signal 
 
It is again in agreement with the above results. It is clear that although the PAR reduction 
due to the use of MSK instead of QPSK is slightly small, the true gain is the reduction in the 
dynamic range by 3 dB, which enables us to use a low linearity and high efficiency power 
amplifiers. In addition a new indicator arises in the table which is the standard deviation 8, 
it is obvious from the table that MSK has the lowest 8 while for M-QAM, as M increase 8 
increases also, since we can deal with OFDM signal as a narrow band Gaussian noise with a 
mean of zero and variance of 82 , then 68% of amplitude values ranges in [-8,8] and 99.994% 
of amplitude values ranges in [-48, 48], this can be a good indicator for clipping efficiency. 
Regarding to the BER performance of the used modulation techniques, it is clear from figure 
11 that, for M-PSK and M-QAM, the BER increases ad M increase while for the same M the 
BER of M-PSK is larger than that of M-QAM for the same Eb/No. 
 

 
Fig. 11. BER of OFDM using 8, 16 -PSK&QAM 
 
Also we have applied the amplifier (using the SSPA model discussed earlier) on the OFDM 
signal using M-QAM with M=4, 8 and 16. Using IBO of 5 dB as in figure 12-a and IBO of 10 
dB as in figure 12-b, we noticed that as M increases the distortion due to NLA increases and 
so the BER as shown in figure 12-a, b. 
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Also we have applied the amplifier (using the SSPA model discussed earlier) on the OFDM 
signal using M-QAM with M=4, 8 and 16. Using IBO of 5 dB as in figure 12-a and IBO of 10 
dB as in figure 12-b, we noticed that as M increases the distortion due to NLA increases and 
so the BER as shown in figure 12-a, b. 
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As regarding to our previous results, it can be noticed that, the MSK modulation gives us 
the lowest PAR when used in OFDM besides its main advantage, that it ignores any fading 
introduced amplitude fluctuation present in the received signal, and hence facilitates the 
utilization of power efficient class C amplifier (Javornik et.al, 2001). 
On the other hand, the MSK has a spectral efficiency that is nearly equal to that of QPSK, 
which is much less than those of higher order M-ary modulation techniques; and thus it is 
better to check the performance of N-MSK modulation techniques with OFDM systems in 
the presence of high power amplifiers nonlinearities. 
*N-MSK signal description 
Minimum shift keying (MSK) is a special type of continuous phase-frequency shift keying 
(CPFSK) expressed as:[92] 

cs(t)=Acos(w t+j(t)), wc=(wo+w1)/2  (7) 
 

(t) wt / 2 (0),     
 
Where Δw is the separation between wo, wl used to represent 0, 1 
 

(0)  is the initial phase, w / Tb   
 
Consequently the modulation index       h=Δw/wc =0.5 
That corresponds to the minimum frequency spacing that allows two FSK signals to be 
coherently orthogonal, MSK, conventionally, is a special case of offset Qudrature Phase-Shift 
Keying (OQPSK) with sinusoidal symbol weighting. That is, two sinusoidally-shaped bit 
streams, one having a bit-period time-offset relative to the other, are employed to modulate 
orthogonal components of a carrier as [92]: 
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Where bk is -1 if I&Q are the same and +1 otherwise. 
The Multi-amplitude minimum shift keying (N-MSK) is obtained by superposition of N 
MSK signals with different amplitudes. It is a bandwidth efficient modulation scheme that 
has the continuous phase property of MSK and provides higher spectral efficiency by using 
multilevel modulation. However, for N-MSK there is no requirement for the signals to be 
orthogonal, in fact, they are co-phased. Furthermore, the amplitudes of the constituent 
signals are not equal and this prevents the phase trajectory from passing through the origin 
(Figure 13). For example, a two level N-MSK signal can be expressed as: 
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Figure 13-a shows the constellation diagram of 2-MSK signal with Constituent signals have 
equal amplitude, while Figure 13-b shows the constellation of 2-MSK signal with 
Constituent signals have unequal amplitudes 
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Figure 13-a shows the constellation diagram of 2-MSK signal with Constituent signals have 
equal amplitude, while Figure 13-b shows the constellation of 2-MSK signal with 
Constituent signals have unequal amplitudes 
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Fig. 13. Signal constellation for N-MSK, with Constituent signals (a) have equal amplitude 
(b) have unequal amplitudes 
 
It is noticed for the case when constituent signals have unequal amplitudes; the 2-MSK 
signal never reaches the zero signal energy, which improves the signal performance in 
nonlinear channels. 
Since the N-MSK signal can be considered as a sum of two MSK signals its spectral 
efficiency is twice that of MSK. However, it loses, slightly, the constant envelope property 
due to multilevel modulation. 
When testing the above simulated OFDM system with N-MSK (N=2, 4) we found the 
following: 
When analyzing the statistical properties of the OFDM composite time signals when using 
2-MSK, with the two cases of equality between the two constituent signals: As shown in 
Figure 14; 

 
Fig. 14. PDF of OFDM with 2-MSK 

The probability density function of the absolute OFDM signal agrees with the Rayleigh 
distribution in the two cases. And the dynamic range is larger in the case of different 
amplitudes. 
Table (3) shows PAR of OFDM signal with the above mentioned modulation techniques 
 

Modulation Range PAR (dB) 
MSK 0.0422 8.5752 
2-MSK Same Different Same Different 
 amplitude amplitudes amplitude amplitudes 
 0.0444 0.0735 8.9145 9.3439 
4-MSK Same Different Same Different 
 amplitude amplitudes amplitude amplitudes 
 0.0429 0.1158 8.1945 8.2528 
QPSK 0.0692 9.0054 
16-QAM 0.1365 9.9054 

Table 3. PAR of OFDM signal 
 
It is clear from the table that when using N-MSK where N=2 or 4 , with the same amplitude 
of the two or four constituent signals respectively, the PAR change with respect to MSK is 
negligible; and there will be no change in the dynamic range that they are nearly the same, 
but when using the constituent signals with different amplitudes the increase in the 
dynamic range will be somewhat larger (4.37 dB and 8.72 dB for N=2 and 4 respectively) but 
it is of course much less than the increase in the dynamic range when using QPSK or 16-
QAM, 4.29 dB and 10 dB respectively with respect to MSK. It is also noticeable from figure 
15 that the Bandwidth of MSK is nearly the same as that of QPSK, while BW of 2-MSK is 
nearly the same as 16-QAM. Both MSK and 2-MSK have lower amplitudes than QPSK and 
16-QAM respectively. 
 

 
Fig. 15. OFDM Spectrum with N-MSK 
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Regarding to the BER performance of the used modulation techniques, it is clear from figure 
16 that, the BER of 2-MSK is larger than that of MSK for the same Eb/No. it is also noticed 
that the BER of N-MSK is less than that of M-QAM with the same spectral efficiency. 
 

 
Fig. 16. BER of OFDM with N-MSK& M-QAM 
 
The impact of the nonlinear power amplifier on the spectrum of the OFDM signal is shown 
in Figure 17. The spectrum of both 16-QAM and 2-MSK with and without the non-linear 
amplifier are shown. A clear spreading and in-band distortion are observed when passing 
the OFDM signal with 16-QAM through the SSPA nonlinearity. On the other hand, the effect 
of nonlinearity is shown to be negligible on the OFDM signal spectrum with 2-MSK. 
 

 
Fig. 17. OFDM Spectrum with HP A 

Regarding the BER performance of the OFDM system using these modulation techniques, 
figure 18 shows the effect of SSPA non-linearity on the BER curves when using 2-MSK and 
16-QAM. It can be noticed that, there is no effect of the HPA in the case of MSK, and a very 
small effect occurs in the 2-MSK case it can be said to be negligible as compared to the large 
degradation in the BER performance when using 16-QAM. 
 

 
Fig. 18. OFDM BER with HPA 
Provided that a reduction of 7 dB in the IBO for the amplifier used in the N-MSK cases. 

 
A differential 2MSK receiver, based on regeneration of the MSK signal component with 
larger amplitude in the receiver, was used (Javornik & Kandus, 2002). As shown in the block 
diagram in figure 19. For the case of 4-MSK we have used a nested 2MSK receiver of the 
above structure. It is clear that, as N increases the complexity of the receiver dramatically 
increases. 

 

 
Fig. 19. Block diagram of A differential 2MSK receiver [93] 
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Regarding to the BER performance of the used modulation techniques, it is clear from figure 
16 that, the BER of 2-MSK is larger than that of MSK for the same Eb/No. it is also noticed 
that the BER of N-MSK is less than that of M-QAM with the same spectral efficiency. 
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6. PAR reduction in OFDM using Walsh Hadamard Transform (WHT) 
 

We propose the use of Walsh Hadamard Transform (WHT) as an intelligent scaling factor to 
reduce the dynamic range of the OFDM signal without the risk of amplifying the noise 
when restoring the signal to its original level. This technique offers an excellent solution to 
all of peak power problems in OFDM systems and without any loss in terms of spectral 
efficiency and without any side information being transmitted, and can be applied with low 
computational complexity. 

 
6.1 Walsh Hadamard Transform 
The Walsh-Hadamard Transform (WHT) is perhaps the best known of the non sinusoidal 
orthogonal transforms (Furis et.al, 2005). The Walsh-Hadamard transform of a signal x, of 
size N= 2n, is the matrix-vector product WHTN x, where 
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The WHT has gained prominence in digital signal processing applications, since it can be 
computed using additions and subtractions only consequently, its hardware 
implementation is simpler. 
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The FWHT can be derived using matrix factoring or matrix partitioning techniques. The 
signal flow graph for a 4 point FWHT is shown in Figure 20. 

 
Fig. 20. four point FWHT 
 
In a digital system the 1/4 multiplier can be simply implemented in two arithmetic shifts. 
The number of additions and subtractions needed to compute the four WHT coefficients is 4 
x log24 = 8. 
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We have examined the use of FWHT with OFDM in a different way; with different lengths. 
The idea: since the peak value of the OFDM symbol results at the instant of coherent 
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initial phases so as to avoid this condition [96]. This can be done via successive phase shifts, 
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successive phase shifts with different phase shift step in each time we try and we have got 
the optimum case at phase shift step = n which is equivalent to modifying the OFDM 
symbol representation to be as follows: 
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The above equation can be approximately implemented as shown below in figure 21 in the 
proposed block diagram of OFDM system. 
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The above equation can be approximately implemented as shown below in figure 21 in the 
proposed block diagram of OFDM system. 
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In the simulations, 16- QAM modulation scheme is selected in OFDM with 512 sub-carriers 
and an oversampling factor of 2, i.e., IFFT length = 1024. 
Figure 22 depicts the constellation diagram of an OFDM mapped signal with and without 
FWHT 
 

 
Fig. 22. constellation diagram of OFDM signal 
 
It is clear that the FWHT can be viewed as an Active Constellation Extension (ACE) method, 
one of the latest PAR reduction, which alter or introduce new signal constellations to 
combat large signal peaks, but our concern here is its effect on the dynamic range of the 
OFDM signal. Simulations shows that when using the OFDM shown in Figure 21 with 16-
QAM without FWHT the PAR is found to be 10.8 dB, while when using the FWHT (2 and 4 
points) the PAR equals 10.5 and 10.15 dB respectively, provided that the dynamic range is 
reduced by 3 and 6 dB in the same cases respectively. 
Regarding the statistical properties of PAR, figure 23 shows the power survivor (equivalent 
to the traditionally used CCDF) instead of the PAR survivor. It is noticed that when using 
FWHT with size N=2n the total power of the OFDM system is reduced by 3n dB, which is a 
very good chance to perform an intelligent scaling that avoids the risk of amplifying the 
noise when restoring the signal to its original level at the receiver. 

 
Fig. 23. power survivor of OFDM with WHT 

 

 
Fig. 24. effect of NLA on BER with/without FWHT 
 
The BER performance as a function of the signal to noise ratio (SNR) Eb/No in OFDM 
systems with and without FWHT in the presence of NLA with vsat=0.1 is depicted in figure 
24. It can be noticed that the use of FWHT (4 points) greatly avoids the distortion due to 
NLA (Raap's SSPA model) as compared to the 16-QAM case, despite of the negligible 
reduction in the PAR. It is clear that the real reason in this good performance is due to the 
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reduction in the dynamic range of about 6 dB, again in a complete agreement with the above 
results. 
The BER performance as a function of the signal to noise ratio (SNR) Eb/No in OFDM 
systems with HPA with and without FWHT are plotted in Figure 25 
 

 
Fig. 25. effect of NLA on BER performance With different IBO 
 
Figure 25 shows that the use of FWHT enables the use of an amplifier with IBO of 3dB with 
better performance than the case when using an amplifier with IBO of 10dB without using 
FWHT. In a complete agreement with our conclusions from the models depicted in 
equations (11) and (12). 

 
7. Conclusions 
 

In this chapter, the effects of nonlinearities in the power amplifier over OFDM systems were 
modeled, analyzed and simulated. We can conclude that: 
-The distortion due to high power amplifier, either limiting or nonlinearity effects, is highly 
related to the distribution parameter (s), that controls the dynamic range itself, rather than 
the clipping level or the saturation level of the amplifier. 
-Also it is noticed that the effect of nonlinearity on ACPR value is negligible as compared to 
that of limiting as the clip level varies; this is due to the fact that the spectral leakage that 
causes the ACPR to increase is mainly due to the clipping that can be viewed as windowing 
the spectrum by rectangular window. 
-The EVM is a measure of the total distortion it is highly affected by the nonlinearity rather 
than the limiting effect. And generally as the limiting value decreases the EVM increases. 
-Although the PAR reduction due to the use of MSK instead of QPSK is slightly small, the 
true gain is the reduction in the dynamic range by 3 dB, which enables us to use a low 
linearity and high efficiency power amplifiers like class B or C. 
-The Multi-amplitude minimum shift keying (N-MSK) is a bandwidth efficient modulation 
scheme that has the continuous phase property of MSK and provides higher spectral 

efficiency by using multi-level modulation that boost the spectral efficiency and maintaining 
PAR in an acceptable range. 
-For N-MSK there is no requirement for the signals to be orthogonal, in fact, they are co-
phased. Furthermore, the amplitudes of the constituent signals are not equal and this 
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1. Introduction    
 

The evaluation of performances and the design of communication systems require good 
knowledge of radio channel characteristics and models. The latter are used to predict power 
and interference levels and analyze other properties of the radio link. Due to recent 
developments in digital consumer electronics technology, millimetre bands are becoming 
more and more attractive for low cost personal communication applications. Systems 
operating around millimetre bands are now emerging across a variety of commercial and 
military applications, as well as in communications, radar, geo-location, and medical 
applications. First generation commercial wireless systems millimetre bands based products 
are widely deployed (at home, hospitals, laboratory, offices ...). This has been fuelled by a 
demand for high frequency utilization and by the large number of users requiring 
simultaneous multidimensional high data rate access for applications of wireless internet 
and e-commerce systems. A prerequisite for the development of these systems is the 
availability of propagation models or channel characteristics. In fact, there should be 
analytical models, which are easily applicable in deterministic channel modelling, e.g. ray-
tracing (Khafaji 2008). The latter was demonstrated to provide channel simulation data that 
is in accurate agreement with measurement results in the mm-wave range and in the 60 
GHz band in particular. Moreover, in any communications systems including Narrow Band, 
Wide Band and Ultra Wide Band systems, the received signal is an attenuated, delayed, and 
distorted (for millimetric communication systems) version of the transmitted signal affected 
by the noise present in the propagation environment (Saadane 2004, Saadane 2008). The 
received and the transmitted signals are linked with each other via the radio channel.  
Some mm-wave range channel propagation measurements and simulation that dealt with 
channel parameters have been presented in the literature. Channel modelling is very 
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applications. First generation commercial wireless systems millimetre bands based products 
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demand for high frequency utilization and by the large number of users requiring 
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tracing (Khafaji 2008). The latter was demonstrated to provide channel simulation data that 
is in accurate agreement with measurement results in the mm-wave range and in the 60 
GHz band in particular. Moreover, in any communications systems including Narrow Band, 
Wide Band and Ultra Wide Band systems, the received signal is an attenuated, delayed, and 
distorted (for millimetric communication systems) version of the transmitted signal affected 
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necessary for the conception of wireless communication systems (WCS). However, the 
propagation channel for millimetric bands is not completely characterized. The well known 
experimental and simulation techniques can be used to investigate the propagation of 
millimetre waves in indoor environments. The advantage of the experimental method is that 
all systems and channel parameters affecting the propagation of millimetre waves are 
accounted for without pre-assumptions. But this method is usually expensive, time 
consuming, and limited by the characteristics of available equipments. On the other hand, 
simulation techniques are free from the limitations of experimental approaches but they 
require more computational time. They also need sophisticated computational resources to 
carry out simulations.  In this chapter, we deal with the propagation characterization, 
modelling, and the influence of people shadowing at 60 GHz. These are used in designing in 
indoor millimetric communications systems.  
The present chapter is organized as follows: the next section presents a review of the 
literature on 60 GHz Band Propagation characterization and Modelling. It provides a 
comprehensive summary of used methods for channel characterizations and modelling 
processes, as well as application systems operating at 60 GHz band. A broader description 
of ray tracing technique is then provided, also the influence of people shadowing is 
investigated and discussed. Concluding remarks and suggestions for future work are 
discussed in section 6.  

 
2. Overview of systems operate at 60 GHz 
In this section, we give an overview of the concepts, history, and applications of 
communications at 60 GHz band. After presenting the Federal Communications 
Commission (FCC)-accepted definition of a 60 GHz communication system, we briefly 
introduce its history and the current challenges. We also illustrate the characteristics of the 
60 GHz system that differentiate it from classical communication systems.  

 
2.1 Evolution and Definition 
In 2001, the Federal Communications Commission (FCC) set apart a continuous block of 7 
gigahertz (GHz) of spectrum between 57 and 64 GHz for wireless communications. A major 
factor in this allocation with commercial ramifications is that the spectrum is "unlicensed" 
;in other words, an operator does not have to buy a license from the FCC before operating 
equipment in that spectrum. The licensing process is typically very expensive and time-
consuming. Until then, less than 0.3 GHz of bandwidth had been made available at lower 
frequency bands for unlicensed communications. 

 
2.2 Communication in the 60 GHz Band 
Various applications require high data rates far beyond the capacity of existing WiFi and 
UWB technology. High quality video signals need data rates more than several Gb/s. This is 
so because sending uncompressed data greatly reduces power overhead for encoding and 
decoding video. Digital video cameras and Set-top boxes are noticeable applications for this 
technology. In general, the need for bandwidth is insatiable, much like the demand for CPU 
speed, static and dynamic RAM, flash memory, and external hard disk capacity. While new 
spectrum is available in the low-GHz bands, these bands are likely to be excessively packed 
full in the near future. Touching up to higher frequency also offers natural isolation from 

 

fast switching digital circuitry typical of today’s microprocessors, already operating at 
several GHz clock speed. In addition, the only way to extract more information from a fixed 
bandwidth at lower frequencies is the application of more complicated modulation schemes. 
To extract 1 Gb/s from 100 MHz of bandwidth obviously requires 10 bits per Hz, but only 1 
bit per Hz from a 60 GHz solution with 1 GHz bandwidth. The 60 GHz system employs a 
relatively narrowband signal, and low order constellations can be used to transmit and 
receive the data. The lower GHz system, on the other hand, has to use complicated signal 
modulation, often placing rigorous demands on the phase noise and power amplifier 
linearity (particularly for Orthogonal Frequency Division Multiplexing), and this gives rise 
to a system with less overall sensitivity. Much energy must be consumed in the baseband of 
these systems to provide FFT and equalization functionality, which will end up consuming 
additional energy per bit than a mm-wave solution, despite the higher power consumption 
of the front-end blocks at 60 GHz. 

 
2.3 60 GHz Band Applications 
There are a large number of multimedia applications requiring broadband wireless 
transmission over short distances, such as high-speed point-to-point data links and next-
generation wireless personal area networking (WPAN). The considered necessary data rate 
for these applications may be hundreds of Mb/s or even multi-Gb/s. The unlicensed 60-
GHz bands (e.g., 59–62 GHz in Europe, USA and Japan) are of special interest for short-
range communications within a range of 10m, because the high propagation attenuation in 
both the oxygen and walls (e.g., 10-15 dB/km in oxygen (Smulders, 2002)) helps to isolate 
communication cells in a local-area networking environment, enabling multiple channel 
frequency reuse thanks to the low co-channel interference. In general the availability of low-
cost small path silicon mm-wave transceivers leads to the possibility of higher complexity 
mm-wave systems incorporating dense arrays of transceivers incorporating sophisticated 
multi-antenna signal processing. For the potential applications of 60 GHz we found as a 
vital application for imaging the automotive radar operating at 24 GHz and 77 GHz. Today 
only comfort automobiles are equipped with mm-wave radar technology. This can aid in 
driving in low visibility conditions, especially in fog, vapour, and in automatic cruise 
control and even automated driving on a future freeway (Niknejad 2008). Another potential 
application for mm-wave technology is passive mm-wave imaging. By detecting only the 
natural thermal radiation of objects in the mm-wave band, images of objects can be formed 
in a very similar fashion as in an optical system (Niknejad 2008). Other up-and-coming 
applications for mm-wave technology comprise medical imaging for tumour detection, 
temperature measurements, blood flow and water/oxygen content measurements. These 
applications were under powerful investigation in the past two decades but much of the 
research has discontinued due to the fact that these traditional systems were not capable to 
compete with existing MRI or X-ray CAT scan systems. 

 
3. 60 GHz propagation modelling based on measurements 
 Millimetre-wave propagation measurements and channel modelling activities have been 
performed at various European research institutes, in particular at Eindhoven TU/e; see e.g. 
(Smulders et al.  1995). An elaborated overview of 60 GHz propagation is given in (Smulders 
et al. 1997). A complementary overview including 27-29 GHz results is provided in (COST 
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indoor millimetric communications systems.  
The present chapter is organized as follows: the next section presents a review of the 
literature on 60 GHz Band Propagation characterization and Modelling. It provides a 
comprehensive summary of used methods for channel characterizations and modelling 
processes, as well as application systems operating at 60 GHz band. A broader description 
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investigated and discussed. Concluding remarks and suggestions for future work are 
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introduce its history and the current challenges. We also illustrate the characteristics of the 
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so because sending uncompressed data greatly reduces power overhead for encoding and 
decoding video. Digital video cameras and Set-top boxes are noticeable applications for this 
technology. In general, the need for bandwidth is insatiable, much like the demand for CPU 
speed, static and dynamic RAM, flash memory, and external hard disk capacity. While new 
spectrum is available in the low-GHz bands, these bands are likely to be excessively packed 
full in the near future. Touching up to higher frequency also offers natural isolation from 

 

fast switching digital circuitry typical of today’s microprocessors, already operating at 
several GHz clock speed. In addition, the only way to extract more information from a fixed 
bandwidth at lower frequencies is the application of more complicated modulation schemes. 
To extract 1 Gb/s from 100 MHz of bandwidth obviously requires 10 bits per Hz, but only 1 
bit per Hz from a 60 GHz solution with 1 GHz bandwidth. The 60 GHz system employs a 
relatively narrowband signal, and low order constellations can be used to transmit and 
receive the data. The lower GHz system, on the other hand, has to use complicated signal 
modulation, often placing rigorous demands on the phase noise and power amplifier 
linearity (particularly for Orthogonal Frequency Division Multiplexing), and this gives rise 
to a system with less overall sensitivity. Much energy must be consumed in the baseband of 
these systems to provide FFT and equalization functionality, which will end up consuming 
additional energy per bit than a mm-wave solution, despite the higher power consumption 
of the front-end blocks at 60 GHz. 

 
2.3 60 GHz Band Applications 
There are a large number of multimedia applications requiring broadband wireless 
transmission over short distances, such as high-speed point-to-point data links and next-
generation wireless personal area networking (WPAN). The considered necessary data rate 
for these applications may be hundreds of Mb/s or even multi-Gb/s. The unlicensed 60-
GHz bands (e.g., 59–62 GHz in Europe, USA and Japan) are of special interest for short-
range communications within a range of 10m, because the high propagation attenuation in 
both the oxygen and walls (e.g., 10-15 dB/km in oxygen (Smulders, 2002)) helps to isolate 
communication cells in a local-area networking environment, enabling multiple channel 
frequency reuse thanks to the low co-channel interference. In general the availability of low-
cost small path silicon mm-wave transceivers leads to the possibility of higher complexity 
mm-wave systems incorporating dense arrays of transceivers incorporating sophisticated 
multi-antenna signal processing. For the potential applications of 60 GHz we found as a 
vital application for imaging the automotive radar operating at 24 GHz and 77 GHz. Today 
only comfort automobiles are equipped with mm-wave radar technology. This can aid in 
driving in low visibility conditions, especially in fog, vapour, and in automatic cruise 
control and even automated driving on a future freeway (Niknejad 2008). Another potential 
application for mm-wave technology is passive mm-wave imaging. By detecting only the 
natural thermal radiation of objects in the mm-wave band, images of objects can be formed 
in a very similar fashion as in an optical system (Niknejad 2008). Other up-and-coming 
applications for mm-wave technology comprise medical imaging for tumour detection, 
temperature measurements, blood flow and water/oxygen content measurements. These 
applications were under powerful investigation in the past two decades but much of the 
research has discontinued due to the fact that these traditional systems were not capable to 
compete with existing MRI or X-ray CAT scan systems. 

 
3. 60 GHz propagation modelling based on measurements 
 Millimetre-wave propagation measurements and channel modelling activities have been 
performed at various European research institutes, in particular at Eindhoven TU/e; see e.g. 
(Smulders et al.  1995). An elaborated overview of 60 GHz propagation is given in (Smulders 
et al. 1997). A complementary overview including 27-29 GHz results is provided in (COST 
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modulation, often placing rigorous demands on the phase noise and power amplifier 
linearity (particularly for Orthogonal Frequency Division Multiplexing), and this gives rise 
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2000). This section will provide a summary of these overviews and will present and 
elaborate additional results obtained from recent experiments. 

 
3.1 Path loss modeling 
The specific path loss in the 60 GHz band due to oxygen absorption amounts to 10 – 15 dB 
per km which is 0.10 to 0.15 dB per 10 m and has, as such, no significant influence on the 
propagation behaviour in indoor environments. The propagation losses are, therefore, not 
dominated by the oxygen absorption but by the free space path loss, which is 21 dB higher 
at 60 GHz when compared with the path loss occurring at 5 GHz. 
Recently, path loss measurements have been performed by the Radio communication Group 
of the TU/e in a room with dimensions 7.2×6×3.1 m3 (George 2001).The sides of the room 
consist of glass window and smoothly plastered concrete walls whereas the floor is linoleum 
on concrete. The ceiling consists of aluminium plates and light holders. The transmitting 
antenna was located in a corner of the room at a height of 2.5 m. This antenna has an 
antenna gain of 16.5 dBi and produces a fan-beam that is wide in azimuth and narrow in 
elevation. Its beam was aiming towards the middle of the room. A similar fan-beam antenna 
was applied at the receiving station, which was positioned at various places in the room at 
1.4 m above the ground. For comparison, additional measurements have been performed 
with the fan-beam antenna at the receiver replaced by an omnidirectional antenna. 
Figure 4-1 in (George 2001) shows the received power normalised on the transmitted power 
(NRP) in dB measured in the 58-59 GHz band as function of the separation distance between 
transmitter and receiver. The upper solid curve in this figure shows the NRP in case the 
beam of the receiving antenna is pointing exactly towards the transmitting antenna. The 
dotted curve represents the situation in which the fan beam at the receiver has an azimuth 
pointing deviation of 35°. …. 

 
3.2 Antenna Beamwidths at 60 GHz 
For 60 GHz band we have found that high directivity antennas in a scattering environment 
lose gain when compared to the omnidirectional antennas. In the literature this is regarded 
as antenna GRF (gain reduction factor). Also, directive antennas amplify only some 
propagation rays, others are attenuated and therefore multipath components are lost that 
results in a loss of power, loss of diversity, and reduced rank for MIMO systems that 
reduces spatial multiplexing gains.  Furthermore, omnidirectional antennas amplify all rays 
evenly, in most cases. So, in path loss calculations, nominal (advertised) antenna gain 
determined in an anechoic chamber has to be reduced by GRF.  Concerning the propagation 
in indoor and outdoor environments, we deduce from the available literature that indoor 
environments experience more scattering than outdoor environments, potentially resulting 
in larger GRF. In our viewpoint this subject needs more and further investigation. Manabe 
et al. in (Manabe et al. 1995) investigated the LOS delay profiles, for different antenna 
beamwidths at 60 GHz. They show that with decreasing antenna beamwidth, the LOS 
component is amplified and reflected components are attenuated by the antenna pattern. 

 
 
 
 

 

4. Ray tracing approach for channel modelling and characterization 
 

4.1 Ray Tracing description 
We present here an efficient three dimensional RTT for the prediction of impulse response, 
path loss, local mean power and rms delay spread of an arbitrary indoor environment. 
We begin by specifying transmit and receive points in three coordinates. Each surface of 
obstacles (wall, ceiling, floor, and corner …) is modelled as multilayer dielectric. Reflection 
and transmission coefficients for both polarisations are computed using a recursive 
algorithm. The sequence of computations begins with the direct path, followed by all paths 
with one reflection or one diffraction, two interactions (reflection, diffraction), and so on, up 
two five reflections and two diffractions.  
For every path, the distance dependent loss is simply the free space propagation loss, and is 
proportional to the total length squared. The total path loss is computed as the product of 
the propagation loss times the reflection losses, the transmission losses, the diffraction losses 
and the antenna radiation patterns.  
For an arbitrary path involving multiple reflections, are found by successively reflecting the 
transmitting antenna coordinates over the sequence of reflecting surfaces defined the path 
under consideration. 
Once the coordinates for the highest order image of the transmitting antenna are known, we 
can compute the overall path length of the line linking this image to the receiving antenna. 
Furthermore, the coordinates of all reflection points are computed using geometrical 
methods (In our work we have adopted the image based one that we will developed in the 
next subsection). Predicted propagation loss does not change more than 1 dB when 
including five or more reflections. However, the predicted rms delay spread is still affected 
by weak, highly delayed paths, but does not change by more than 3 ns if paths with five or 
more reflections are not included. 

 
4.2 Ray tracing algorithm based on image method   
This method is also called ray tracing because the ray path is determined when the positions 
of the transmitter, receiver and objects causing the propagation phenomenon are known. 
The image source method consists of simulating the effect of flat surfaces (walls, floor). This 
method is useful when the number of objects and obstacles is relatively small, like an indoor 
environment. 
The basic idea of this technique is proposed in (John et al. 1991) and illustrated for a simple 
reflection case see Figure 1. The first step is to find the virtual image S0 of the source S. Then 
in the second stage linking the receiver or the point P in the virtual image by a straight line. 
Finally we determine the intersection point I that is the point of reflection, the result is the 
whole ray trajectory. 
This construction that uses the virtual image and determines the point of reflection on the 
reflecting surface is valid for multiple reflections of order k and diffraction over a ridge of a 
corner. The image source method is more accurate than the other methods (Falsafi et al. 
1996) it can determine all trajectories that can arrive to the receiver. It is also faster because it 
deals only rays arrived to the receiver. The method source image is one that we have 
adopted to implement our model ray tracing. It is a method that requires simple geometric 
methods to be implemented in comparison with direct methods (Smulders 1993), (Turin et 
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(NRP) in dB measured in the 58-59 GHz band as function of the separation distance between 
transmitter and receiver. The upper solid curve in this figure shows the NRP in case the 
beam of the receiving antenna is pointing exactly towards the transmitting antenna. The 
dotted curve represents the situation in which the fan beam at the receiver has an azimuth 
pointing deviation of 35°. …. 

 
3.2 Antenna Beamwidths at 60 GHz 
For 60 GHz band we have found that high directivity antennas in a scattering environment 
lose gain when compared to the omnidirectional antennas. In the literature this is regarded 
as antenna GRF (gain reduction factor). Also, directive antennas amplify only some 
propagation rays, others are attenuated and therefore multipath components are lost that 
results in a loss of power, loss of diversity, and reduced rank for MIMO systems that 
reduces spatial multiplexing gains.  Furthermore, omnidirectional antennas amplify all rays 
evenly, in most cases. So, in path loss calculations, nominal (advertised) antenna gain 
determined in an anechoic chamber has to be reduced by GRF.  Concerning the propagation 
in indoor and outdoor environments, we deduce from the available literature that indoor 
environments experience more scattering than outdoor environments, potentially resulting 
in larger GRF. In our viewpoint this subject needs more and further investigation. Manabe 
et al. in (Manabe et al. 1995) investigated the LOS delay profiles, for different antenna 
beamwidths at 60 GHz. They show that with decreasing antenna beamwidth, the LOS 
component is amplified and reflected components are attenuated by the antenna pattern. 
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4.1 Ray Tracing description 
We present here an efficient three dimensional RTT for the prediction of impulse response, 
path loss, local mean power and rms delay spread of an arbitrary indoor environment. 
We begin by specifying transmit and receive points in three coordinates. Each surface of 
obstacles (wall, ceiling, floor, and corner …) is modelled as multilayer dielectric. Reflection 
and transmission coefficients for both polarisations are computed using a recursive 
algorithm. The sequence of computations begins with the direct path, followed by all paths 
with one reflection or one diffraction, two interactions (reflection, diffraction), and so on, up 
two five reflections and two diffractions.  
For every path, the distance dependent loss is simply the free space propagation loss, and is 
proportional to the total length squared. The total path loss is computed as the product of 
the propagation loss times the reflection losses, the transmission losses, the diffraction losses 
and the antenna radiation patterns.  
For an arbitrary path involving multiple reflections, are found by successively reflecting the 
transmitting antenna coordinates over the sequence of reflecting surfaces defined the path 
under consideration. 
Once the coordinates for the highest order image of the transmitting antenna are known, we 
can compute the overall path length of the line linking this image to the receiving antenna. 
Furthermore, the coordinates of all reflection points are computed using geometrical 
methods (In our work we have adopted the image based one that we will developed in the 
next subsection). Predicted propagation loss does not change more than 1 dB when 
including five or more reflections. However, the predicted rms delay spread is still affected 
by weak, highly delayed paths, but does not change by more than 3 ns if paths with five or 
more reflections are not included. 

 
4.2 Ray tracing algorithm based on image method   
This method is also called ray tracing because the ray path is determined when the positions 
of the transmitter, receiver and objects causing the propagation phenomenon are known. 
The image source method consists of simulating the effect of flat surfaces (walls, floor). This 
method is useful when the number of objects and obstacles is relatively small, like an indoor 
environment. 
The basic idea of this technique is proposed in (John et al. 1991) and illustrated for a simple 
reflection case see Figure 1. The first step is to find the virtual image S0 of the source S. Then 
in the second stage linking the receiver or the point P in the virtual image by a straight line. 
Finally we determine the intersection point I that is the point of reflection, the result is the 
whole ray trajectory. 
This construction that uses the virtual image and determines the point of reflection on the 
reflecting surface is valid for multiple reflections of order k and diffraction over a ridge of a 
corner. The image source method is more accurate than the other methods (Falsafi et al. 
1996) it can determine all trajectories that can arrive to the receiver. It is also faster because it 
deals only rays arrived to the receiver. The method source image is one that we have 
adopted to implement our model ray tracing. It is a method that requires simple geometric 
methods to be implemented in comparison with direct methods (Smulders 1993), (Turin et 
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2000). This section will provide a summary of these overviews and will present and 
elaborate additional results obtained from recent experiments. 

 
3.1 Path loss modeling 
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per km which is 0.10 to 0.15 dB per 10 m and has, as such, no significant influence on the 
propagation behaviour in indoor environments. The propagation losses are, therefore, not 
dominated by the oxygen absorption but by the free space path loss, which is 21 dB higher 
at 60 GHz when compared with the path loss occurring at 5 GHz. 
Recently, path loss measurements have been performed by the Radio communication Group 
of the TU/e in a room with dimensions 7.2×6×3.1 m3 (George 2001).The sides of the room 
consist of glass window and smoothly plastered concrete walls whereas the floor is linoleum 
on concrete. The ceiling consists of aluminium plates and light holders. The transmitting 
antenna was located in a corner of the room at a height of 2.5 m. This antenna has an 
antenna gain of 16.5 dBi and produces a fan-beam that is wide in azimuth and narrow in 
elevation. Its beam was aiming towards the middle of the room. A similar fan-beam antenna 
was applied at the receiving station, which was positioned at various places in the room at 
1.4 m above the ground. For comparison, additional measurements have been performed 
with the fan-beam antenna at the receiver replaced by an omnidirectional antenna. 
Figure 4-1 in (George 2001) shows the received power normalised on the transmitted power 
(NRP) in dB measured in the 58-59 GHz band as function of the separation distance between 
transmitter and receiver. The upper solid curve in this figure shows the NRP in case the 
beam of the receiving antenna is pointing exactly towards the transmitting antenna. The 
dotted curve represents the situation in which the fan beam at the receiver has an azimuth 
pointing deviation of 35°. …. 
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evenly, in most cases. So, in path loss calculations, nominal (advertised) antenna gain 
determined in an anechoic chamber has to be reduced by GRF.  Concerning the propagation 
in indoor and outdoor environments, we deduce from the available literature that indoor 
environments experience more scattering than outdoor environments, potentially resulting 
in larger GRF. In our viewpoint this subject needs more and further investigation. Manabe 
et al. in (Manabe et al. 1995) investigated the LOS delay profiles, for different antenna 
beamwidths at 60 GHz. They show that with decreasing antenna beamwidth, the LOS 
component is amplified and reflected components are attenuated by the antenna pattern. 
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The image source method consists of simulating the effect of flat surfaces (walls, floor). This 
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The basic idea of this technique is proposed in (John et al. 1991) and illustrated for a simple 
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in the second stage linking the receiver or the point P in the virtual image by a straight line. 
Finally we determine the intersection point I that is the point of reflection, the result is the 
whole ray trajectory. 
This construction that uses the virtual image and determines the point of reflection on the 
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lose gain when compared to the omnidirectional antennas. In the literature this is regarded 
as antenna GRF (gain reduction factor). Also, directive antennas amplify only some 
propagation rays, others are attenuated and therefore multipath components are lost that 
results in a loss of power, loss of diversity, and reduced rank for MIMO systems that 
reduces spatial multiplexing gains.  Furthermore, omnidirectional antennas amplify all rays 
evenly, in most cases. So, in path loss calculations, nominal (advertised) antenna gain 
determined in an anechoic chamber has to be reduced by GRF.  Concerning the propagation 
in indoor and outdoor environments, we deduce from the available literature that indoor 
environments experience more scattering than outdoor environments, potentially resulting 
in larger GRF. In our viewpoint this subject needs more and further investigation. Manabe 
et al. in (Manabe et al. 1995) investigated the LOS delay profiles, for different antenna 
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We present here an efficient three dimensional RTT for the prediction of impulse response, 
path loss, local mean power and rms delay spread of an arbitrary indoor environment. 
We begin by specifying transmit and receive points in three coordinates. Each surface of 
obstacles (wall, ceiling, floor, and corner …) is modelled as multilayer dielectric. Reflection 
and transmission coefficients for both polarisations are computed using a recursive 
algorithm. The sequence of computations begins with the direct path, followed by all paths 
with one reflection or one diffraction, two interactions (reflection, diffraction), and so on, up 
two five reflections and two diffractions.  
For every path, the distance dependent loss is simply the free space propagation loss, and is 
proportional to the total length squared. The total path loss is computed as the product of 
the propagation loss times the reflection losses, the transmission losses, the diffraction losses 
and the antenna radiation patterns.  
For an arbitrary path involving multiple reflections, are found by successively reflecting the 
transmitting antenna coordinates over the sequence of reflecting surfaces defined the path 
under consideration. 
Once the coordinates for the highest order image of the transmitting antenna are known, we 
can compute the overall path length of the line linking this image to the receiving antenna. 
Furthermore, the coordinates of all reflection points are computed using geometrical 
methods (In our work we have adopted the image based one that we will developed in the 
next subsection). Predicted propagation loss does not change more than 1 dB when 
including five or more reflections. However, the predicted rms delay spread is still affected 
by weak, highly delayed paths, but does not change by more than 3 ns if paths with five or 
more reflections are not included. 

 
4.2 Ray tracing algorithm based on image method   
This method is also called ray tracing because the ray path is determined when the positions 
of the transmitter, receiver and objects causing the propagation phenomenon are known. 
The image source method consists of simulating the effect of flat surfaces (walls, floor). This 
method is useful when the number of objects and obstacles is relatively small, like an indoor 
environment. 
The basic idea of this technique is proposed in (John et al. 1991) and illustrated for a simple 
reflection case see Figure 1. The first step is to find the virtual image S0 of the source S. Then 
in the second stage linking the receiver or the point P in the virtual image by a straight line. 
Finally we determine the intersection point I that is the point of reflection, the result is the 
whole ray trajectory. 
This construction that uses the virtual image and determines the point of reflection on the 
reflecting surface is valid for multiple reflections of order k and diffraction over a ridge of a 
corner. The image source method is more accurate than the other methods (Falsafi et al. 
1996) it can determine all trajectories that can arrive to the receiver. It is also faster because it 
deals only rays arrived to the receiver. The method source image is one that we have 
adopted to implement our model ray tracing. It is a method that requires simple geometric 
methods to be implemented in comparison with direct methods (Smulders 1993), (Turin et 
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al. 1972), (Yang et al. 1994). Figure 2 shows an example of determination procedure of a 
trajectory ray with three successive reflections on m1, m2, m3 respectively (M1, M2 and M3 
environment composed by three walls), and for three receiver positions P1, P2 and P3.  
The first step is to generate images of the source S, which are S1, S2 and S3 with respect to 
Wall 1, Wall 2 and Wall 3 respectively, and the rest of the algorithm is depicted on Figure 3. 
For more information the readers are pleased to see the reference (El Abbadi et al. 2003). 
We design locally simulation tool based on RTT where the geometry of the propagation 
environment is user definable. This tool takes in account different propagation mechanisms 
like reflection, transmission and diffraction. With model of channel in equation (2) and the 
effects of persons in movement, the main advantage of our tool is to support the presence of 
bodies in simulated environment.  
 

 
Fig. 1. Ray tracing based on image method for simple reflection. 

 
5 Effects of human bodies on wireless communications (60 GHz band) 
 

A solid work about the effect of human bodies on the WCS was reported in (Collonge et al., 
2004). This work it is based on channel measurements. These later were conducted at 
different environments with a variable number of people in motion; these form typical 
realistic environments. The main objective of this study was the evaluation of temporal 
channel variation at 60 GHz band. Also, Hashemi (Hashemi, 1993) showed and evaluated 
parameters that can be used to characterize the temporal variation of the channel. These 
parameters are Level Crossing Rate (LCR) and the Average Fade Duration (AFD). 
 

 
Fig. 2. Ray tracing based on image method for three successive reflections. 

 

 
Fig. 3. Ray tracing algorithm based on image flow. 
 
The analysis of Hashimi showed that the LCR and AFD are dependent on antennas 
separation distance and on the number of people in environment. The influence of HBS has 
been studied in (Sato & Manab 1998), (Lim, 2007). The work in (Collonge et al. 2004) 
presented a detailed study about propagation at 60 GHz. The strong conclusion of the work 
conduct to a high correlation between the propagation at 60 GHz and the human bodies. In 
(Siwiak 1995), a framework was performed about the effect of human body on the 
propagation, but the study is done on Ultra Wide Bandwidth. The conclusions show that 
human bodies remarkably change the behaviour of the channel. 

 
6 Environment modelling with bodies 
The objective of this part is to present our human body model and its integration in our 
simulation tool. That will be supported by the RTT. This incorporation of motion aspects in 
the ray tracing permits to characterize the propagation in realistic environments. Of course, 
this support different millimeter bands (e.g. 17 GHz, 60 GHz and 94 GHz). In this work, the 
60 GHz case is investigated and reported.  

 
6.1 Human body models 
In the literature, the human body is presented physically by cylinders containing salty 
water. Figure 4 presents the well known models. The first one named SALTY supposes the 
cylinder to contain a solution of salty water with a concentration of 1.5 g/L; the cylinder has 
a 1.7 m height and a diameter of 0.305 m. The second one called Salty-Lite presented in 
(Siwiak 1995) supposes that the solution in partition having a thickness of 0.04 m, the height 
of the cylinder is 1.32 m and the diameter is identical to the first model. Figure 5 presents, 
for a fixed salty water concentration, the behaviour of complexes permittivity r  versus 
frequency (In this case the concentration is 1.5 g/L). 
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The analysis of Hashimi showed that the LCR and AFD are dependent on antennas 
separation distance and on the number of people in environment. The influence of HBS has 
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(Siwiak 1995) supposes that the solution in partition having a thickness of 0.04 m, the height 
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Fig. 4. Human body Models. 
 

 
Fig. 5. Relative permittivity of salty water 1.5 g/L. 

 
6.2 Used Model 
Habitually, one of the human body models presented previously is used in modelling and 
simulation. Alternatively, we model the human body by a parallelepiped circumscribed 
with SALTY cylinder model as RTT deals with plate surfaces. The adopted model is 
depicted on Figure 6 with its geometrical features. The persons moving near mobile radio 
link are modelled by objects having finished dimensions with a parallelepipeds form, and, 
characterized by permittivity r and conductivity . The model assigns to each object a 
position which will be modified according to the speed and the direction. 
 

 

 
Fig. 6.  New Human body Model. 

 
7 Results Analysis 
 

7.1 Simulation setup  
To investigate the model described already in the previous paragraphs, we consider a room 
of dimension 10 m × 20 m, many persons random moving (we change the number 
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Fig. 7. Propagation environment for simulation for 07 persons. 

 
7.2 60 GHz band analysis 
 

7.2.1 Temporal behaviour of channel at 60 GHz 
Figure 8 shows the results of 60 seconds of simulation and for 04 persons and distance 
transmitter/receiver of 7 m. This figure shows fast fading and variations around an average 
value of −82.5582 dB. The maximum depth of fading is of −34.1462 dB for 04 persons. The 
table 2 presents the max and min values for different number of persons. The experiments 
are carried out during 60 seconds, with random movement of people. Figs. 8, 9 and 10 show 
the behaviour of channel in peopled environment. From this figures we concluded the 
impact of persons on the 60 GHz band propagation. 

 
7.2.2 Fading Statistics 
To characterize the statistical distribution of the channel magnitude in the presence of 
people we have compared the simulated channels with theoretical statistical distributions, 
namely Nakagami, Weibull and Rayleigh. Statistical parameters are deduced directly from 
simulation. The comparison is performed using Mean Square Error metric. Figs. 11, 
illustrates the CDF magnitude of simulated channel and theoretical distributions for 04 
persons. 
From table 3 we observe that the Nakagami distribution presents the best fit of simulated 
channel for different number of persons. The estimated m-Nakagami parameter is 8.455, 
6.6334, and 1.3758 for 04, 07, and 20 persons respectively. The Figure 15 shows the evolution 
of the min of signal magnitude versus the number of persons. 
  

Number of Persons Min of Mag. Max of Mag. 
04 −111.5518 dB −77.4056 dB 
07 −114.8184  dB −78.4006 dB 
20 −116.5973 dB −77.7331 dB 

Table 2. Max and min of magnitude for different numbers of persons. 
 

 

 
Fig. 8. The temporal variations of signal envelope with 04 persons in movement. 
 

 
Fig. 9. The temporal variations of signal envelope with 07 persons in movement. 
 

 
Fig. 10. Temporal variations of signal envelope with 20 persons in movement. 
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Fig. 11. Statistical distribution of the variations (04 Persons). 
 

Distribution MSE 04 MSE 10 MSE 20 

Rayleigh 0.0656 0.0549 0.0462 

Nakagami 0.0110 0.0175 0.0295 
Weibull 0.0890 0.1290 0.0617 

Table 3. Mean square of error of distribution for different number of persons. 

 
7.2.3 Level Crossing Rate analysis 
 Second order statistics are expressed as the level crossing rate (LCR), defined as the rate at 
which the envelope crosses a specified level in a positive going direction, and the average 
fade duration (AFD), the average time for which the received envelope is below that 
specified level. The LCR allows to estimate the average durations of fading in order to 
determine the code detecting and correct channel error most suitable. To evaluate the LCR 
we carried out three recordings of amplitude of the signal with 04, 07 and 20 bodies moving 
in the simulated propagation environment described above. The LCR is calculated for 
thresholds varying from −111.5518 dB to −77.4056 dB, from −114.8184 dB to −78.4006 dB and 
from −116.5973 to −77.7331 dB for 04 persons, 07 persons and 20 persons respectively. 
Compared to the average value of amplitude of the signal and a distance transmitter 
receiver up to 7 m. Figure 12 shows that, as the number of people within the measurement 
area increased, the maximum LCR also increased. This indicates that, as the number of 
moving people within the simulation area increases, the variations in the received envelope 
also tend to increase. 

 
7.2.4 Average Fade Duration analysis 
Figure 13 illustrates the behaviour of spectral envelope of relative signal versus the number 
of people in the environment. From this figure we observe that the bandwidth increases 
with the number of people. 
The analysis of the AFD shows that if the number of people increases the AFD increases. 
This means that the channel becomes unavailable. 
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Fig. 12. LCR of signal Magnitude. 

 
7.2.5 Delay spread analysis:  
The temporal variations of the channel also result in a temporal variation of the multipath 
components of the impulse response (Turin et al 1972). The model of ray tracing makes it 
possible to predict the impulse response of the channel for given a transmitter-receiver. The 
temporal variations of the multipath components of the impulse response give place to 
temporal variations of rms delay spread. Pervious simulations make it possible to calculate 
and trace the variations of this parameter in the form of cumulative distribution Figure 14. 
The analysis of the results shows a weak variation of the delay spread rms for two cases 

with 04 and 07 persons which remains less than 08 ns. On the other hand rms  varies 
significantly for the existence of more than 10 people. The reader can observe that from 
Figure 16 for 20 persons. 
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Fig. 13. Magnitudes spectral envelope. 
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In this chapter we discussed the characterization and modelling techniques in 60 GHz band 
communication channels in cases in which people are available in the propagation 
environment. We have discussed the history of 60 GHz band communication. However, 60 
GHz band is still an ongoing research topic, and there is interest in improving its spectral 
efficiency. After, we have investigated the propagation channels at millimetric band, and 
established a statistical model that describes the behaviour of the channel in term of 
magnitude and delay spread parameters. The study is based on Ray tracing Theory. The 
simulations are performed for 60 GHz by using the developed tool. Our results are 
confirming the impact of bodies on the propagation. The temporal channel variations or 
fading effects become fast if the number of people increases; this is based on analysis of 
delay spread rms  , LCR and magnitude behaviours. Finally, this chapter presents 
characterization and modelling of a set of channel parameters and show that the RTT can be 

 

used to characterize the channel of propagation in a given realistic environment with 
knowledge of propagation parameters.  

 
9. References 
 

Candy, Y.;  Singh, S.; ” High Data Rate WLAN”, IEEE Vehicular Technology Conference, 
2008, 11-14 May 2008, pp. 1821-1825. 

Collonge, S.; Zaharia G.; and El Zein, G. (2004)  ”Influence of the Human   Activity on Wide-
Band Characteristics of the 60 GHz Indoor Radio Channel,” IEEE Trans.  on 
Wireless Comm., Vol. 3, No. 6, Nov. 2004.   

COST 259 Final Report, “Wireless Flexible Personalised Communications, COST 259 
European Co-operation in Mobile Radio Research”. Editor: Correia, L.M., ISBN: 0-
471-49836, J. Wiley, NY, U.S.A., 2001. 

El Abbadi J., A. Khafaji, M. Belkasmi, A. Benouna, ”A Human Body Model for Ray Tracing 
Indoor Simulation,” ICISP, conference, Morocco, June, 2003. 

El Abbadi, J. ( 1997) ”Développement d’un Outil de Caractérisation et de Modélisation du 
canal  Radio Mobile Indoor bas la Technique Lancer de Rayons”, Phd. Desertation 
in french  Ecole Mohammadia d’Ingénieurs, 1997, Morocco. 

Falsafi, A., Pahlavan, K. and Yang, G. (1996).  “Transmission Techniques for Radio LAN’s - 
A Comparative Performance Evaluation Using Ray Tracing,” IEEE Journal on 
Selected Areas in Communications, Vol. 14, NO.3, April 1996, pp.477-491. 

George, J., Smulders, P.F.M. and Herben, M.H.A.J. (2001), “Application of fan-beam 
antennas for 60 GHz indoor wireless communication”, Electronic Letters, vol. 37, 
no. 2, pp. 73-74, Jan. 2001. 

Hashemi, H. (1993). ”Impulse Response Modeling of Indoor Radio Propagation Channels ” 
IEEE Journal Selected Areas on Communications, September 1993. 

Hashemi, H. (1993). ” The Indoor Radio Propagation Channel,” Proceedings of the IEEE, 
Vol. 81, No.7, pp.941-968, July 1993.  

John W. McKown an R. Lee Hamilton, J r. (1991). “Ray Tracing as a Design Tool for Radio 
Networks,” IEEE Network Magazine, November 1991, pp.27-30. 

Kajiwara, A. (1995). ”Indoor propagation measurements at 94 GHz.” IEEE Personal, Indoor 
and Mobile Radio Communications, Vol. 3, (27-29), Sep 1995 pp. 1026. 

Kajiwara, A. (1997). “Millimeter-wave indoor radio channel with artificial reflector”, 
Vehicular Technology, IEEE Transactions on Vol. 46, (2), May 1997, pp:486 - 493. 

Khafaji, R. Saadane,  J. El Abbadi and M. Belkasmi, " Ray Tracing Technique based 60 GHz 
Band Propagation Modelling and Influence of People Shadowing" International 
Journal of Electrical, Computer, and Systems Engineering, 2008. 

Kreuzgruber P., P. Unterberger, R. Gahleitner ” A Ray Splitting Model for Indoor Radio 
Propagation Associated with Complex Geometries, ” Proceedings of 43rd IEEE, 
Vehicular Technology Conference, May 1993, pp.227-230. 

Lim, C.-P., Lee, M., Burkholder, R. J., J Volakis., L. and R. J. Marhefka, (2007). ”60 GHz 
Indoor Propagation Studies for Wireless Communications Based on a Ray-Tracing 
Method,” EURASIP Journal on Wireless Communications and Networking Vol. 
2007, doi:10.1155/2007/73928. 

The Influence of People Shadowing on the Modelling of 60 GHz Band Propagation 289

 

0 2 4 6 8 10 12 14 16
0

0.1

0.2

0.3

0.4

0.5

0.6

0.7

0.8

0.9

1

rms

C
D
F

Empirical CDF

 

 

04 persons
07 persons
20 persons

 
Fig. 14. CDF of rms for different numbers of people in environment. 
 

5 10 15 20 25

-118

-117

-116

-115

-114

-113

-112

Number of persons

M
in

im
um

 o
f m

ag
ni

tu
de

 in
 [d

B
]

 

 
 
y = - 0.21*x - 1.1e+002 Simulation 

   linear fit

 
Fig. 15. Evolution of the min of signal magnitude versus the number of persons 

 
8. Conclusion 
 

In this chapter we discussed the characterization and modelling techniques in 60 GHz band 
communication channels in cases in which people are available in the propagation 
environment. We have discussed the history of 60 GHz band communication. However, 60 
GHz band is still an ongoing research topic, and there is interest in improving its spectral 
efficiency. After, we have investigated the propagation channels at millimetric band, and 
established a statistical model that describes the behaviour of the channel in term of 
magnitude and delay spread parameters. The study is based on Ray tracing Theory. The 
simulations are performed for 60 GHz by using the developed tool. Our results are 
confirming the impact of bodies on the propagation. The temporal channel variations or 
fading effects become fast if the number of people increases; this is based on analysis of 
delay spread rms  , LCR and magnitude behaviours. Finally, this chapter presents 
characterization and modelling of a set of channel parameters and show that the RTT can be 

 

used to characterize the channel of propagation in a given realistic environment with 
knowledge of propagation parameters.  

 
9. References 
 

Candy, Y.;  Singh, S.; ” High Data Rate WLAN”, IEEE Vehicular Technology Conference, 
2008, 11-14 May 2008, pp. 1821-1825. 

Collonge, S.; Zaharia G.; and El Zein, G. (2004)  ”Influence of the Human   Activity on Wide-
Band Characteristics of the 60 GHz Indoor Radio Channel,” IEEE Trans.  on 
Wireless Comm., Vol. 3, No. 6, Nov. 2004.   

COST 259 Final Report, “Wireless Flexible Personalised Communications, COST 259 
European Co-operation in Mobile Radio Research”. Editor: Correia, L.M., ISBN: 0-
471-49836, J. Wiley, NY, U.S.A., 2001. 

El Abbadi J., A. Khafaji, M. Belkasmi, A. Benouna, ”A Human Body Model for Ray Tracing 
Indoor Simulation,” ICISP, conference, Morocco, June, 2003. 

El Abbadi, J. ( 1997) ”Développement d’un Outil de Caractérisation et de Modélisation du 
canal  Radio Mobile Indoor bas la Technique Lancer de Rayons”, Phd. Desertation 
in french  Ecole Mohammadia d’Ingénieurs, 1997, Morocco. 

Falsafi, A., Pahlavan, K. and Yang, G. (1996).  “Transmission Techniques for Radio LAN’s - 
A Comparative Performance Evaluation Using Ray Tracing,” IEEE Journal on 
Selected Areas in Communications, Vol. 14, NO.3, April 1996, pp.477-491. 

George, J., Smulders, P.F.M. and Herben, M.H.A.J. (2001), “Application of fan-beam 
antennas for 60 GHz indoor wireless communication”, Electronic Letters, vol. 37, 
no. 2, pp. 73-74, Jan. 2001. 

Hashemi, H. (1993). ”Impulse Response Modeling of Indoor Radio Propagation Channels ” 
IEEE Journal Selected Areas on Communications, September 1993. 

Hashemi, H. (1993). ” The Indoor Radio Propagation Channel,” Proceedings of the IEEE, 
Vol. 81, No.7, pp.941-968, July 1993.  

John W. McKown an R. Lee Hamilton, J r. (1991). “Ray Tracing as a Design Tool for Radio 
Networks,” IEEE Network Magazine, November 1991, pp.27-30. 

Kajiwara, A. (1995). ”Indoor propagation measurements at 94 GHz.” IEEE Personal, Indoor 
and Mobile Radio Communications, Vol. 3, (27-29), Sep 1995 pp. 1026. 

Kajiwara, A. (1997). “Millimeter-wave indoor radio channel with artificial reflector”, 
Vehicular Technology, IEEE Transactions on Vol. 46, (2), May 1997, pp:486 - 493. 

Khafaji, R. Saadane,  J. El Abbadi and M. Belkasmi, " Ray Tracing Technique based 60 GHz 
Band Propagation Modelling and Influence of People Shadowing" International 
Journal of Electrical, Computer, and Systems Engineering, 2008. 

Kreuzgruber P., P. Unterberger, R. Gahleitner ” A Ray Splitting Model for Indoor Radio 
Propagation Associated with Complex Geometries, ” Proceedings of 43rd IEEE, 
Vehicular Technology Conference, May 1993, pp.227-230. 

Lim, C.-P., Lee, M., Burkholder, R. J., J Volakis., L. and R. J. Marhefka, (2007). ”60 GHz 
Indoor Propagation Studies for Wireless Communications Based on a Ray-Tracing 
Method,” EURASIP Journal on Wireless Communications and Networking Vol. 
2007, doi:10.1155/2007/73928. 



Recent Advances in Technologies288

 

0 2 4 6 8 10 12 14 16
0

0.1

0.2

0.3

0.4

0.5

0.6

0.7

0.8

0.9

1

rms

C
D
F

Empirical CDF

 

 

04 persons
07 persons
20 persons

 
Fig. 14. CDF of rms for different numbers of people in environment. 
 

5 10 15 20 25

-118

-117

-116

-115

-114

-113

-112

Number of persons

M
in

im
um

 o
f m

ag
ni

tu
de

 in
 [d

B
]

 

 
 
y = - 0.21*x - 1.1e+002 Simulation 

   linear fit

 
Fig. 15. Evolution of the min of signal magnitude versus the number of persons 

 
8. Conclusion 
 

In this chapter we discussed the characterization and modelling techniques in 60 GHz band 
communication channels in cases in which people are available in the propagation 
environment. We have discussed the history of 60 GHz band communication. However, 60 
GHz band is still an ongoing research topic, and there is interest in improving its spectral 
efficiency. After, we have investigated the propagation channels at millimetric band, and 
established a statistical model that describes the behaviour of the channel in term of 
magnitude and delay spread parameters. The study is based on Ray tracing Theory. The 
simulations are performed for 60 GHz by using the developed tool. Our results are 
confirming the impact of bodies on the propagation. The temporal channel variations or 
fading effects become fast if the number of people increases; this is based on analysis of 
delay spread rms  , LCR and magnitude behaviours. Finally, this chapter presents 
characterization and modelling of a set of channel parameters and show that the RTT can be 

 

used to characterize the channel of propagation in a given realistic environment with 
knowledge of propagation parameters.  

 
9. References 
 

Candy, Y.;  Singh, S.; ” High Data Rate WLAN”, IEEE Vehicular Technology Conference, 
2008, 11-14 May 2008, pp. 1821-1825. 

Collonge, S.; Zaharia G.; and El Zein, G. (2004)  ”Influence of the Human   Activity on Wide-
Band Characteristics of the 60 GHz Indoor Radio Channel,” IEEE Trans.  on 
Wireless Comm., Vol. 3, No. 6, Nov. 2004.   

COST 259 Final Report, “Wireless Flexible Personalised Communications, COST 259 
European Co-operation in Mobile Radio Research”. Editor: Correia, L.M., ISBN: 0-
471-49836, J. Wiley, NY, U.S.A., 2001. 

El Abbadi J., A. Khafaji, M. Belkasmi, A. Benouna, ”A Human Body Model for Ray Tracing 
Indoor Simulation,” ICISP, conference, Morocco, June, 2003. 

El Abbadi, J. ( 1997) ”Développement d’un Outil de Caractérisation et de Modélisation du 
canal  Radio Mobile Indoor bas la Technique Lancer de Rayons”, Phd. Desertation 
in french  Ecole Mohammadia d’Ingénieurs, 1997, Morocco. 

Falsafi, A., Pahlavan, K. and Yang, G. (1996).  “Transmission Techniques for Radio LAN’s - 
A Comparative Performance Evaluation Using Ray Tracing,” IEEE Journal on 
Selected Areas in Communications, Vol. 14, NO.3, April 1996, pp.477-491. 

George, J., Smulders, P.F.M. and Herben, M.H.A.J. (2001), “Application of fan-beam 
antennas for 60 GHz indoor wireless communication”, Electronic Letters, vol. 37, 
no. 2, pp. 73-74, Jan. 2001. 

Hashemi, H. (1993). ”Impulse Response Modeling of Indoor Radio Propagation Channels ” 
IEEE Journal Selected Areas on Communications, September 1993. 

Hashemi, H. (1993). ” The Indoor Radio Propagation Channel,” Proceedings of the IEEE, 
Vol. 81, No.7, pp.941-968, July 1993.  

John W. McKown an R. Lee Hamilton, J r. (1991). “Ray Tracing as a Design Tool for Radio 
Networks,” IEEE Network Magazine, November 1991, pp.27-30. 

Kajiwara, A. (1995). ”Indoor propagation measurements at 94 GHz.” IEEE Personal, Indoor 
and Mobile Radio Communications, Vol. 3, (27-29), Sep 1995 pp. 1026. 

Kajiwara, A. (1997). “Millimeter-wave indoor radio channel with artificial reflector”, 
Vehicular Technology, IEEE Transactions on Vol. 46, (2), May 1997, pp:486 - 493. 

Khafaji, R. Saadane,  J. El Abbadi and M. Belkasmi, " Ray Tracing Technique based 60 GHz 
Band Propagation Modelling and Influence of People Shadowing" International 
Journal of Electrical, Computer, and Systems Engineering, 2008. 

Kreuzgruber P., P. Unterberger, R. Gahleitner ” A Ray Splitting Model for Indoor Radio 
Propagation Associated with Complex Geometries, ” Proceedings of 43rd IEEE, 
Vehicular Technology Conference, May 1993, pp.227-230. 

Lim, C.-P., Lee, M., Burkholder, R. J., J Volakis., L. and R. J. Marhefka, (2007). ”60 GHz 
Indoor Propagation Studies for Wireless Communications Based on a Ray-Tracing 
Method,” EURASIP Journal on Wireless Communications and Networking Vol. 
2007, doi:10.1155/2007/73928. 

The Influence of People Shadowing on the Modelling of 60 GHz Band Propagation 289

 

0 2 4 6 8 10 12 14 16
0

0.1

0.2

0.3

0.4

0.5

0.6

0.7

0.8

0.9

1

rms

C
D
F

Empirical CDF

 

 

04 persons
07 persons
20 persons

 
Fig. 14. CDF of rms for different numbers of people in environment. 
 

5 10 15 20 25

-118

-117

-116

-115

-114

-113

-112

Number of persons

M
in

im
um

 o
f m

ag
ni

tu
de

 in
 [d

B
]

 

 
 
y = - 0.21*x - 1.1e+002 Simulation 

   linear fit

 
Fig. 15. Evolution of the min of signal magnitude versus the number of persons 

 
8. Conclusion 
 

In this chapter we discussed the characterization and modelling techniques in 60 GHz band 
communication channels in cases in which people are available in the propagation 
environment. We have discussed the history of 60 GHz band communication. However, 60 
GHz band is still an ongoing research topic, and there is interest in improving its spectral 
efficiency. After, we have investigated the propagation channels at millimetric band, and 
established a statistical model that describes the behaviour of the channel in term of 
magnitude and delay spread parameters. The study is based on Ray tracing Theory. The 
simulations are performed for 60 GHz by using the developed tool. Our results are 
confirming the impact of bodies on the propagation. The temporal channel variations or 
fading effects become fast if the number of people increases; this is based on analysis of 
delay spread rms  , LCR and magnitude behaviours. Finally, this chapter presents 
characterization and modelling of a set of channel parameters and show that the RTT can be 

 

used to characterize the channel of propagation in a given realistic environment with 
knowledge of propagation parameters.  

 
9. References 
 

Candy, Y.;  Singh, S.; ” High Data Rate WLAN”, IEEE Vehicular Technology Conference, 
2008, 11-14 May 2008, pp. 1821-1825. 

Collonge, S.; Zaharia G.; and El Zein, G. (2004)  ”Influence of the Human   Activity on Wide-
Band Characteristics of the 60 GHz Indoor Radio Channel,” IEEE Trans.  on 
Wireless Comm., Vol. 3, No. 6, Nov. 2004.   

COST 259 Final Report, “Wireless Flexible Personalised Communications, COST 259 
European Co-operation in Mobile Radio Research”. Editor: Correia, L.M., ISBN: 0-
471-49836, J. Wiley, NY, U.S.A., 2001. 

El Abbadi J., A. Khafaji, M. Belkasmi, A. Benouna, ”A Human Body Model for Ray Tracing 
Indoor Simulation,” ICISP, conference, Morocco, June, 2003. 

El Abbadi, J. ( 1997) ”Développement d’un Outil de Caractérisation et de Modélisation du 
canal  Radio Mobile Indoor bas la Technique Lancer de Rayons”, Phd. Desertation 
in french  Ecole Mohammadia d’Ingénieurs, 1997, Morocco. 

Falsafi, A., Pahlavan, K. and Yang, G. (1996).  “Transmission Techniques for Radio LAN’s - 
A Comparative Performance Evaluation Using Ray Tracing,” IEEE Journal on 
Selected Areas in Communications, Vol. 14, NO.3, April 1996, pp.477-491. 

George, J., Smulders, P.F.M. and Herben, M.H.A.J. (2001), “Application of fan-beam 
antennas for 60 GHz indoor wireless communication”, Electronic Letters, vol. 37, 
no. 2, pp. 73-74, Jan. 2001. 

Hashemi, H. (1993). ”Impulse Response Modeling of Indoor Radio Propagation Channels ” 
IEEE Journal Selected Areas on Communications, September 1993. 

Hashemi, H. (1993). ” The Indoor Radio Propagation Channel,” Proceedings of the IEEE, 
Vol. 81, No.7, pp.941-968, July 1993.  

John W. McKown an R. Lee Hamilton, J r. (1991). “Ray Tracing as a Design Tool for Radio 
Networks,” IEEE Network Magazine, November 1991, pp.27-30. 

Kajiwara, A. (1995). ”Indoor propagation measurements at 94 GHz.” IEEE Personal, Indoor 
and Mobile Radio Communications, Vol. 3, (27-29), Sep 1995 pp. 1026. 

Kajiwara, A. (1997). “Millimeter-wave indoor radio channel with artificial reflector”, 
Vehicular Technology, IEEE Transactions on Vol. 46, (2), May 1997, pp:486 - 493. 

Khafaji, R. Saadane,  J. El Abbadi and M. Belkasmi, " Ray Tracing Technique based 60 GHz 
Band Propagation Modelling and Influence of People Shadowing" International 
Journal of Electrical, Computer, and Systems Engineering, 2008. 

Kreuzgruber P., P. Unterberger, R. Gahleitner ” A Ray Splitting Model for Indoor Radio 
Propagation Associated with Complex Geometries, ” Proceedings of 43rd IEEE, 
Vehicular Technology Conference, May 1993, pp.227-230. 

Lim, C.-P., Lee, M., Burkholder, R. J., J Volakis., L. and R. J. Marhefka, (2007). ”60 GHz 
Indoor Propagation Studies for Wireless Communications Based on a Ray-Tracing 
Method,” EURASIP Journal on Wireless Communications and Networking Vol. 
2007, doi:10.1155/2007/73928. 



Recent Advances in Technologies290

 

Manabe, T., Miura Y., and Iharw, T. (1995), “Effects of Antenna Directivity on Indoor 
Multipath Propagation Characteristics at 60 GHz,” in Proceedings of IEEE PIMRC, 
Toronto, 1995, pp. 1035-1039. 

Niknejad A. M.,  Hashemi H.,(2008) ‘’mm-Wave Silicon Technology: 60 GHz and              
Beyond’’, ISBN 978-0-387-76558-7, Springer Science+Business Media, LLC. 

Obayashi, S., Zander, J. (1998).  ”A Body-Shadowing Model for Indoor Radio 
Communication Environments,” IEEE Transaction on Antennas and Propagation, 
vol. 46, no. 6, June 1998. 

Pagani, P., Pajusco, P. (2004). ”Experimental Assessment of the UWB Channel Variability in 
a Dynamic Environment,” in International Symposium on Personal, Indoor and 
Mobile Radio Communications, Barcelona, Spain, vol. 4, pages 29732977, 
September 2004.  

Saadane R., El Aaroussi, M., A. Hayar, Aboutajdine, D., (2008). “UWB Channel Modelling, 
Indoor Propagation: Statistical model Based on Large and Small Scales Analysis”, 
IJSC International Journal of Computational Science 2008.   

Saadane, R., A. Hayar, Knopp, R., Aboutajdine, D. (2004). ”Empirical eigenanalysis of 
indoor UWB propagation channels,” In IEEE Globecom, volume 5, pp 3215-3219, 
Nov.-Dec. 2004.  

Saadane, R., A. Hayar, Aboutajdine, D. (2008). “UWB Channel characterization in different 
environments”, International Journal on Information and Communication 
Technologies, Vol. 1, No. 1-2, January-June 2008, pp. 57-61. 

Sato, K.; and Manabe, T. (1998) ”Estimation of Propagation-Path Visibility for Indoor 
Wireless LAN Systems under Shadowing Condition by Human Bodies,” IEEE 
Vehicular Technology Conference, Vol. 3, 18-21, pp. 2109 - 2113. 

Siwiak,  K. (1995). ” Radiwave Propagation and Antennas for Personal Communications”, 
Artech House Publishers London 1995.  

Smulders, P. F. M (2002). “Exploiting the 60 GHz band for Local Wireless Multimedia        
Access:   Prospects  and Future Directions”, IEEE Communications Magazine, Jan. 
2002, pp.  140–147.  

Smulders, P. F. M.;  and L. MI. Correia, (1997) . ” Characterisation of Propagation in 60 GHz          
Radio Channels,” Electronics and Comm. Eng. Journal, April 1997, pp. 73-80.  

Smulders P.F.M., 1993   ” Geometrical Optics Model For Millimetre Wave Indoor Radio 
Propagation” Electronics Letters 24th June 1993, Vol. 29 No.13, pp. 1174–1175.  

 Tokumitsu, T. (2001). ” K band and millimeter wave MMICs for emerging commercial 
wireless applications,” Microwave Theory and Techniques, IEEE Transactions on, 
Vol. 49, (11), Nov 2001 pp. 2066-2072. 

Turin G.L., F.D. Clapp, T.L. Johnston, S.B. Fine, D. Lavry, “A Statistical Model of Urban 
Multipath Propagation”, IEEE Transactions on Vehicular Technology, Vol. VT–21, 
pp. 1–9, February 1972. 

Yang G., K. Pahlavant, J.F. Lee, A. J. Dagent, and J. Vancraeynest, ” Prediction of Radio 
Wave Propagation in Four Blocks of New York City Using 3D Ray Tracing,” 
Proceedings IEEE Conference PIMRC ’94, pp. 263-267.  

Yang, H.; Smulders, P. F.M.; and Herben, M. H.A.J.,  (2005)  ”Indoor Channel Measurements            
and Analysis in the Frequency Bands 2 GHz and 60 GHz,” 2005 IEEE PIMRC, pp. 
579- 583. 

Utilize 3300-3400 MHz Band for Fixed Wireless Access 291

Utilize 3300-3400 MHz Band for Fixed Wireless Access

Lway Faisal Abdulrazak, Kusay Faisal Al-Tabatabaie and Tharek Abd. Rahman

X 
 

Utilize 3300-3400 MHz Band  
for Fixed Wireless Access 

 
Lway Faisal Abdulrazak, Kusay Faisal Al-Tabatabaie  

and Tharek Abd. Rahman 
Wireless Communication Center 

Universiti Teknologi Malaysia (UTM) 
Malaysia  

 
1. Introduction 
 

The important role of broadband technologies in Malaysia had been recognized for 
sufficient spectrum efficiency. Global integration and fast-growing business activity in 
conjunction with remote multisite operations have increased the need for high-speed 
information exchange. In many places around the world, the existing infrastructure is not 
able to cope with such demand for high-speed communications. Wireless systems, with 
their fast deployment, have proven to be reliable transmission media at very reasonable 
costs. Fixed broadband wireless access (BWA) is a communication system that provides 
digital two-way voice, data, Internet, and video services, making use of a point-to-
multipoint topology. The BWA low-frequency radio systems addressed in this article are in 
the 3.5 GHz frequency band. The BWA market targets wireless multimedia services to small 
offices/home offices (SOHOs), small and medium-sized businesses, and residences. 
With the growing importance of the Internet and data communications for business, 
demand for high-bandwidth data connections has skyrocketed. One of the most viable ways 
to meet this bandwidth demand, particularly for small and mid-sized businesses and 
residential areas and especially for the local is through fixed wireless connectivity. Fixed 
wireless makes it possible for carriers to provide broadband wireless without relying on 
existing telecommunications infrastructure. It also has a lower cost of entry, with much 
faster deployment times than wired systems. This is important in servicing the final 
destinations of telecommunications infrastructures where the cost of service can often be 
exorbitant. BWA offers users the first opportunity to access a full set of broadband services 
and application anywhere, anytime and in virtually any way, including on the move. 
Licenses for Fixed Wireless Access (FWA) in the 3400 – 3600 MHz band, identified by ITU-R 
and CEPT/ERC REC, cover operation in a single paired frequency block (Zaid et al., May 
2008). Licenses were awarded for geographical regions throughout the tropical countries as 
a primary served for FSS (Lway et al., Jun 2008). This requires certain procedures to place, in 
order to assist co-existence and co-ordination. In that band, CEPT/ERC REC14-03 
recommends channel arrangements that, for Point-to-Multipoint (PMP) systems, are 
primarily based on multiple slots of 0.25 MHz with possible duplex spacing of 50 and 100 
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1. Introduction 
 

The important role of broadband technologies in Malaysia had been recognized for 
sufficient spectrum efficiency. Global integration and fast-growing business activity in 
conjunction with remote multisite operations have increased the need for high-speed 
information exchange. In many places around the world, the existing infrastructure is not 
able to cope with such demand for high-speed communications. Wireless systems, with 
their fast deployment, have proven to be reliable transmission media at very reasonable 
costs. Fixed broadband wireless access (BWA) is a communication system that provides 
digital two-way voice, data, Internet, and video services, making use of a point-to-
multipoint topology. The BWA low-frequency radio systems addressed in this article are in 
the 3.5 GHz frequency band. The BWA market targets wireless multimedia services to small 
offices/home offices (SOHOs), small and medium-sized businesses, and residences. 
With the growing importance of the Internet and data communications for business, 
demand for high-bandwidth data connections has skyrocketed. One of the most viable ways 
to meet this bandwidth demand, particularly for small and mid-sized businesses and 
residential areas and especially for the local is through fixed wireless connectivity. Fixed 
wireless makes it possible for carriers to provide broadband wireless without relying on 
existing telecommunications infrastructure. It also has a lower cost of entry, with much 
faster deployment times than wired systems. This is important in servicing the final 
destinations of telecommunications infrastructures where the cost of service can often be 
exorbitant. BWA offers users the first opportunity to access a full set of broadband services 
and application anywhere, anytime and in virtually any way, including on the move. 
Licenses for Fixed Wireless Access (FWA) in the 3400 – 3600 MHz band, identified by ITU-R 
and CEPT/ERC REC, cover operation in a single paired frequency block (Zaid et al., May 
2008). Licenses were awarded for geographical regions throughout the tropical countries as 
a primary served for FSS (Lway et al., Jun 2008). This requires certain procedures to place, in 
order to assist co-existence and co-ordination. In that band, CEPT/ERC REC14-03 
recommends channel arrangements that, for Point-to-Multipoint (PMP) systems, are 
primarily based on multiple slots of 0.25 MHz with possible duplex spacing of 50 and 100 
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MHz, but also other rasters (multiple of 1.75 MHz) are provided in the recommendation 
(Zaid et al., Jun 2008). However, none of the above mentioned recommendations gives any 
further guidance on the assignment rules among different operators, or different service 
types, in either co-ordinate or uncoordinated deployment in the band 3300-3400 MHz, 
leaving to administrations to decide on any further limitations (e.g. in term of EIRP 
limitation, guard-bands, co-ordination distance, etc.). Also no guidance is given within the 
referenced documents on how sharing should be managed between PMP FWS that use 
spectrum adjacent to non-MP services (Zaid et al., May 2008). 
Those bands, even if being of limited size, are valuable because they provide for quite wide 
cell coverage when Line-of-Sight (LOS) rural conventional deployment is considered, as 
well as connections with partially obstructed (Non-LOS, NLOS) paths and even with simple 
self-deployable indoor terminals, which is important feature for deployments where simple 
and cost-effective radio-access connections are desirable. Therefore the bands around 3500 
MHz are potentially interesting for a quick growth of domestic/small business access 
connectivity of moderate capacity, typically for ensuring the policy goals of proliferation of 
broadband Internet (IP) connections (e.g. in accordance with EU e-Europe action 
plan).Nowadays different system capacities, modulation formats (e.g. 4 or 16 states using 
Single Carrier or OFDM) access methods (e.g. TDMA, FDMA, CDMA and 
OFDM/OFDMA), system architectures (PMP and MP-MP), duplex arrangements (TDD and 
FDD) and asymmetry (different up-stream/down-stream traffic as typically needed for IP-
based access) are exist in the market, but the main focus of this paper is to cover the simplest 
mixed TDD and FDD systems as a most used technology.  
The modulation scheme chosen for the radio system depends on several product definition 
factors, such as required channel size, upstream and downstream data rates transmit output 
power, minimum carrier-to-noise ratio (C/N), system availability, and coverage. Higher-
modulation schemes provide higher data rates at the expense of better C/N requirements 
and smaller coverage radii for the same availability, adding to the hardware complexity. For 
the 64-QAM 7 MHz channel bandwidth signal. A system can require symmetric or 
asymmetric capacity depending on its specific application. For a symmetric capacity system, 
upstream and downstream traffic are equivalent, whereas for an asymmetric system the 
downstream link usually requires more capacity. Hence, higher-level modulations with 
higher capacity are better suited to downstream transmissions. Using n-QAM modulations 
for downstream transmission becomes advantageous, whereas QPSK can be used in the 
upstream direction. Since lower-level modulations perform better in more constrained 
environments, they can be not only used in burst, low-power, low-capacity, or upstream 
transmissions, but also adjusted dynamically in link fading conditions. 
We have to mention that each technology offers to operators specific benefits for specific 
market segments/characteristics; some of these technologies would enlarge the field of 
possible applications, for instance to nomadic applications for indoor terminals (Zaid et al., 
Jun 2008). We will take the same region – block edge mask, typical ETSI mask positioning, 
flow diagram for the co-ordination process as a considered parameters. 
The remainder of this chapter is organized as follows. In section 2, the current problem of 
interference and interference scenarios had been discussed in conciseness. Section 3 is 
devoted to describing the system parameters. Section 4 discussed the adjacent band 
division. In section 5 we concluded the mask idea and we elaborated in the case study in 
section 6. Finally, conclusions are presented in Section 7. 

 

2. Current Problem 
 

The spectrum is limited natural resource, essential to global, regional, domestic 
communication infrastructures for the radio-frequency (RF) services and once we used 
portion of a spectrum for one service an RF planning should be considered to improve the 
functionality of that service without interference on other services. Fixed Satellite Services 
(FSS) relaying on C-band used in many countries around the world. However, sharing 
studies between FSS and terrestrial systems had been started in 2003. Nowadays FSS had 
been potentially used for essential Communication services especially in tropical regions, 
mission-critical communications solutions like distance learning, Universal access, tele-
medicine, telemetry and command, DTH (direct to home), disaster recovery, and many 
other vital applications.  
The signal received by FSS receiver is very week due to distance (about 36000 Km 
geostationary satellite orbit (GOS)). Therefore, when FWA will use C-band frequency it will 
block the FSS reception and problems of Co-channel, adjacent channel interference and LNB 
behavior will pup up. On the other hand, for the FWA systems there is an urgent 
Importance of new method to prevent the interference with more accuracy, to reduce the 
isolation. Challenges represents in create a new method of Guard band which enhance the 
Idea of preventing the interference, and support the coexistences (Lway & Tharek, May 
2008). However, depending on the C-Band for some countries is vital issue because of the 
rain attenuation effect for the high frequencies. On the other the Fixed Wireless Access had 
been deployed to work on a part of C-band from 3400-3600MHz, as clarified in Malaysian 
spectrum plane Figure 1. 
 

 
Fig. 1. Malaysian spectrum plane for 3400-4200MHz. 
 
Some countries gave the priority of using C-band to the FSS services, and regulation made 
to keep a separation distance between both services according to the ITU-R studies, beside 
the clutter loss consideration we may not be able to deploy both FSS and FWA services in 
the same area because of the interference (Lway & Tharek, May 2008), as elaborated in 
figure 2. 
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Fig. 2. Separation distance formula within the clutter loss effect when Ak is a factor related to 
the territories, D is distance, R is the shielding loss, EIRP: is the radiated power from the FWA 
transmitter, F is the frequency and Gvs is related to the typical receiving FSS antenna gain. 
 
This separation distance will be come a very huge distance which is impossible we rely on 
because of the high sensitivity of FSS receiver, since the FSS signal is very week for the 
Geostationary satellite station which is 36000 kilometers faraway from the earth, figure 
below (Figure 3) shows the maximum acceptable in-band interference between the two 
services. 
 

 
Fig. 3. Maximum acceptable in-band interference between FSS and FWA, when I: is the 
interference level, C is the carrier signal, N is the receiver noise level. 
 
A technique for enabling the coexistence of both systems would be to introduce a large 
geographical offset between two systems if we didn’t deem the guard band and improve 
adjacent channel leakage ratio (ACLR) and adjacent channel system (ACS) of equipment 
(Lway & Tharek, May 2008). Co-located and non co-located base stations will require 
additional filtering and site engineering to facilitate coexistence between the two systems 
(Lway & Tharek, May 2008). 

 

3. Specifications 
 

3.1 FSS Specifications  
For Malaysia as a case study the fixed satellite service is allowed to work within 3400 to 
4200MHz, and the receiver frequency bandwidth is varying from 4 KHz to 72MHz, base on 
different use. Following table 1 describing the typical FSS earth station already in use by 
Petronas station (fuel stations). 
 

Specifications Satellite terminal 
Antenna diameter (m) 2.4 
Gain (dBi) 38 
Antenna diagram ITU RS.465 
Noise temperature 114.8oK 
Elevation angle 75.95 
Azimuth 263.7 
I/N -10dB 
I -166dB 
Fc 3436MHz 
Receiver bandwidth (MHz) 72 

Table 1. Fixed satellite services specifications 

 
3.2 Fixed Wireless Access Specifications 
In Malaysia the frequency range (3.4-3.6) GHz is allocated for FWA systems, It is divided 
into sub-bands for duplex use (non duplex systems can still be used in this band), 3400–3500 
MHz paired with 3500–3600 MHz. However, Countries have various frequency channel 
spacing within the 3.5 GHz bands 1.25, 1.75, 3.5, 7, 8.75, 10, 14, and 28 MHz can be used 
according to capacity needs. Currently, this services had been stopped because of there 
impact on the FSS receivers. Alternatively, if we change the parameters defiantly we will 
gate a grate change in the interference upshot. So, we will be focused on the parameters 
listed in Table 2 and we had considered that the FWA working band is 3300-3400MHz (Zaid 
et al., May 2008). 
 

Specification FWA(TS) 
Tx Peak output power (dBm) 36 
Channel bandwidth (MHz) 3.5 
Peak BS antenna gain (dBi) 15 
Antenna gain pattern ITU-R F.1336 
Base station  antenna height (m) 30 
Noise figure (dB) 7 
Interference Limit Power  (dBm) -109 

Table 2. Fixed wireless access specifications 
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Fig. 2. Separation distance formula within the clutter loss effect when Ak is a factor related to 
the territories, D is distance, R is the shielding loss, EIRP: is the radiated power from the FWA 
transmitter, F is the frequency and Gvs is related to the typical receiving FSS antenna gain. 
 
This separation distance will be come a very huge distance which is impossible we rely on 
because of the high sensitivity of FSS receiver, since the FSS signal is very week for the 
Geostationary satellite station which is 36000 kilometers faraway from the earth, figure 
below (Figure 3) shows the maximum acceptable in-band interference between the two 
services. 
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4. Finding the Adjacent Band 
 

To use the FWAP2MP in the band (3300-3400), interference will appear according to the out 
of band emission of FWA which will have the impact on the FSS receiver. This study has 
covered the minimum possibility of interference by proposing 3.5MHz bandwidth for each 
sector in the FWA Base station, so the band described in figure 4. 
 

 
Fig. 4. Proposed scenario 
 
This scenario is covered the possibilities of deployment two FWA operators in the band 3.3-
3.4 and the impact on the FSS receiver, the FSS receiver bandwidth is exactly in the adjacent 
channel within 72MHz band width. 20MHz as Guard band between two services (FSS and 
FWA), as clarified in figure 5. 
For the examples of P2MP FWA applications, it appears that most of them are designed for a 
cell coverage methodology of “reuse four”, using four frequency channels with separation 
of typically 3.5 MHz. The channel size of system is in practice constant at 14 MHz (3.5X4), 
the recommended assignment methodology provides for blocks composed by 14 MHz 
channels, keeping, for mixed TDD and FDD licensing, one further channel as guard band 
(total is 17.5MHz). Therefore, for contiguously adjacent, technology neutral blocks that may 
need to contain also suitable guard bands inside those blocks, this would require block sizes 
that would exceed the 4 x ChS by an amount of one additional channel. Therefore in such 
cases of contiguously assigned blocks, typically required block sizes might be in the order 
of: System channel raster 3.5 MHz: Block size B=~17.5MHz. But, if an external guard bands 
are employed between the assigned blocks, then the suitable size of assigned blocks should 
be equivalent just to the sum of 2 reference channel bandwidths. 
 

 
Fig. 5. Guard band between two operators 

 
5. FWA Mask  
 

The figure 6 below explained how much Guard and we need to reduce the interference to 
Zero, However the signal received from of FSS receiver shouldn’t exceed the interference 
level -166 dB (Lway et al., Jun 2008). 

 

 
Fig. 6. suppression mask of 3.5MHz bandwidth for FWA 
 
We can conclude the result of the mask simulation into a table as described in Table 3. 
 

Frequency offset break points 
for the mask 

Definition (% of the size of the 
assigned block) 

A (-77dB) 20% 
B (-89dB) 35% 
C (-123dB) 75% 
D (-166dB) 113% 

Table 3. Frequency mask boundaries 
 
Theoretically, Since 1.75 of the system channel typical size equal to 35% of the size of the 
assigned block. So, 113% of the size of the assigned block equal to 5.65 of the system channel 
typical size. 
Thus; Minimum Guard band required is: 5.65 х 3.5=19.775MHz 

 
6. Case Study: Block Edge Spectral Density Mask of FWA ETSI- EN301021 
 

The spectrum emission mask is a graphical representation of a set of rules that apply to the 
spectral emissions of radio transmitters. Such rules are set forward by regulatory bodies 
such as FCC and ETSI. It is defined as the spectral power density mask, within  250 % of 
the relevant channel separation (ChS), which is not exceeded under any combination of 
service types and any loading (Lway & Tharek, March 2008). The masks vary with the type 
of radio equipment, their frequency band of operation and the channel spacing for which 
they are to be authorized. The transmit spectrum mask is considered in this study because it 
may be used to generate a “worst case” power spectral density for worst case interference 
analysis purposes, where the coexistence study can be applied by spectrum emission mask 
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as an essential parameter for adjacent frequency sharing analysis to evaluate the attenuation 
of interference signal power in the band of the victim receiver. Figure 7 is a generated 
spectrum mask in Matlab. (zaid et al., May 2008) 
 

 
Fig. 7. Generated spectrum mask 
 
From FWA base station (BS) systems into FSS receiver as a victim, if we don’t want to 
consider the separation distance with minimum I/N ratio of -6 dB are analyzed according to 
the selected bandwidth of FWA channels in the dense urban area (clutter loss (Ah)=18.5).  
It can be observed that within 20 MHz as a Guard band the minimum separation distance 
between the two base stations is 20m as in figure 8. 
 

 
Fig. 8. Separation distance from FSS to improve the coexistence. 

 

7. Conclusion 
 

Different brands of FWA can have different Mask shape, radiated power and deferent 
assumption; generally 20MHz Guard band is quite good for the proposed scenario. If we 
want to use more bandwidth for the FWA like 7MHz we will be able to deploy only one 
operator and 10MHz bandwidth is not applicable. Theoretical justification is required before 
practical implementation. However, link budget, MultiPoint site deployment details and 
FWA versus FSS adjacent region (or country), same frequency block, will be considered in 
the future work. 
The rural telecommunication network must be configured according to the user’s 
requirements. Foremost in this, the network must always be available and capable of 
providing voice service in meeting the user’s expectation. The Fixed Wireless Access 
technology gives more advantages and has higher reliability than any other wire line or 
wireless technologies. Its capability in providing coverage over the large coverage areas and 
relatively immune to topography makes this technology become more attractive for 
improving the telecommunication system in the rural areas. 
Alternative uplinke and downlink frequency operation for FWA systems considered in term 
of frequency allocation and implementation.  
Unlike the fast developing technology such as mobile communication or wireless, the 
development of rural areas will be the future work of this study, as it generates much 
revenue for telecommunication companies. Thus, there is a need for more research to be 
conducted on rural information computer technology employing advanced technology 
which can be implemented at low cost. 
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1. Introduction 
 

Satellite antenna design is a challenging task for design engineers because it differs in many 
aspects from classical antenna design. Satellite antennas are designed for point to multipoint 
(or vice versa) operation as opposed to point-to-point operation for conventional ground 
station antennas. The design objective for the ground station antennas is to achieve highest 
gain in the boresight direction while for satellite antennas every point within the coverage 
area is important. Satellite antenna parameters even at the edge of the coverage are very 
important to be ensured. Monotonic (unshaped) beams are circular or elliptical and follows 
natural roll off of an antenna aperture providing highest gain at boresight of the coverage. 
Normally it does not fulfill the stringent requirements imposed on satellite payload. To meet 
high performance of satellite payload these days contoured beam (shaped) antennas are 
used. Satellite antenna designer at least must be well conversant with payload performance 
parameters, satellite platform, satellite launch vehicle and international regulations. The 
choice of any antenna parameter is likely to affect several other system parameters both 
inside and outside the antenna subsystem. Satellite antenna designer comes across a variety 
of factors and feels ousted from heaven of classical antenna design. At the same time, he 
finds himself confronted with great concern to achieve more general system objectives. 
This chapter will present an overview of antenna design and its related issues for a typical 
geostationary communication satellite. The discussion may be useful for non-geostationary 
satellites as well but author(s) will focus on geostationary satellite unless stated otherwise. 
State-of-the-art satellite antenna technology and future trends are subjects of the chapter. 
Satellite antenna design drivers used to perform trade offs, selection of antenna related 
parameters, analysis techniques, industry standard softwares, various antenna 
configurations, contoured beam antenna implementation, and remotely configurable satellite 
antenna design will be discussed. 
For a design to be declared flight proven, it needs to undergo a myriad of critical 
qualification tests and experimentation. Set of space standard procedures are strictly 
followed at every stage including design, manufacturing, testing etc. of a flight standard 
hardware. Satellite once launched is to operate for a certain period usually 10 - 15 years and 
if a fault occurs, it has to be corrected by onboard computer(s) or telecommand otherwise it 
may lead to satellite’s malfunctioning. Satellite systems needs to be very rugged and reliable 
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so that satellite can operate and provide the desired services satisfactorily throughout its 
life. In satellite industry, best does not necessarily mean fit to the requirements and a 
common term used is KISS (Keep It Simple, Stupid!). This chapter will introduce the reader 
with tests performed on satellite antennas to ensure that it can withstand the worst-case 
environment and its performance at least meets the requirements. 

 
2. Satellite Orbits 
 

The commonly used satellite orbits are 
1. LEO: Low Earth Orbit 
2. MEO: Medium Earth Orbit 
3. GEO: Geosynchronous Earth Orbit 
4. HEO: Highly Elliptical Orbit (Molniya) 
5. SSO: Sun Synchronous Orbit 

The choice of the orbit depends upon the mission objectives and characteristics. The effects 
of space environment in different orbits are different and play a major role in selecting the 
orbit and mission parameters. Every orbit has perturbations which results in changing the 
orbital parameters i.e. osculating orbit. Even in the same orbit the perturbation and space 
environment can be different for different orbital locations. To find an orbit which can exploit 
the perturbations and require less spacecraft attitude & orbit maintenance is a research issue. 

 
3. Communication Payload 
 

The communication payload can be broadly divided into two sections 
1. Repeater section 
2. Antenna section 

The signal is received by the receiving antenna and is processed by the repeater. The 
repeater can be transparent or regenerative. Mostly repeaters used for public 
communication are transparent and regenerative repeaters are used for military purposes. 
After processing the signal in repeater it is transmitted by the transmitting antenna. 
Communication antennas used in geostationary satellites are normally reflector antennas to 
overcome the high loss due to height of GEO orbit. The receiving and transmitting antennas 
can be the same hardware unit or different depending upon many factors that will be 
discussed in the coming sections. To decide the configuration of satellite antennas is very 
challenging task and is affected by many factors to be explored in the subsequent sections. 

 
4. Payload Performance Parameters 
 

In mission planning phase the service zones (called coverage regions or coverage polygons 
hereafter) and performance parameters for all the coverages are decided. The main 
performance parameters are operating frequency band(s), antenna polarization(s), EIRP 
(Effective Isotropic Radiated Power), G/T (Figure of Merit) and XPD (Cross Polarization 
Discrimination). Different polygons can have different performance parameter values 
depending upon many factors considered in the planning phase based on need and market 
survey e.g. intended application, predicted transponder usage, revenue generation and user 
equipment’s size & cost. 

 

From EIRP value, it is to decide the gain of transponders and the gain of antenna 
considering the feeder losses. The transponder power is a strong function of availability and 
choice of technology for high power devices like TWTAs (Travelling Wave Tube Amplifiers) 
and SSPAs (Solid State Power Amplifiers). The satellite thermal design is a strong function 
of heat generated by high power devices. Higher the operating power of a device; higher is 
the probability of its failure and higher risks to the mission. To satisfy the system’s reliability 
criterions, the design becomes more complex when dealing with high power devices. So to 
make the design simpler and more reliable, it is tried at best that the power of the 
transponder is kept minimum and high gain is achieved using larger antennas to meet the 
EIRP requirements while satisfying the mass, launch vehicle fairing accommodation and 
other related system constraints. Gain distribution between antenna and transponder may 
require several iterations and trade offs. 
While considering the G/T parameter, satellite antenna designer need to know the coverage 
region characteristics to find the antenna noise temperature. If satellite antenna is looking 
towards ocean, it will have less noise temperature; on the other hand, if antenna is looking 
at the hot earth its noise temperature will be high which will finally affect the G/T of 
satellite. Normally worst case is considered and antenna noise temperature is taken to be 
290K. We also need to know the noise generated by satellite receiver to find the system noise 
temperature. It is tried to get a receiver with lower noise but low noise receivers are costly. 
Once system noise temperature is known, the focus is shifted to receive antenna gain and 
correspondingly its size. An optimum antenna size is selected bearing in mind the 
performance required and constraints. 
To transmit and receive the signals faithfully high value of XPD is required. Normally XPD 
for satellite antennas in coverage polygons ranges from 27 to 30 dB. It is hard to satisfy the 
XPD requirements especially for wider coverage regions. XPD performance requirements 
can lead to different antenna configurations. 
The selection of frequency band(s) and polarization(s) is complex issue and will be 
discussed separately in coming sections. 
At the end of above exercise antenna designer at-least have operational frequencies, antenna 
polarization, values for gain and XPD of transmit & receive antennas in different coverage 
polygons. 

 
5. Frequency Band Selection for Communication Payload 
 

The frequency is a limited natural resource. ITU (International Telecommunication Union) 
has allocated different frequency bands to different regions of the world for different 
services. The frequency resource is shared among various satellite operators. When a new 
operator is planning to have a satellite to provide some service in a particular region and 
there already exist some satellite(s) with footprint in that region, ITU is contacted for the 
available frequencies in the intended service zone. The satellite operating frequencies and 
power levels are negotiated with existing operator(s) to limit the interference to an 
acceptable level. Existing operator(s) have preference over the new operator. ITU plays the 
role of moderator to resolve the outstanding issues among satellite operators. It is very 
important to resolve the issues with other satellite operators and it should be completed 
during the mission planning phase. If there is no frequency bandwidth available for a 
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so that satellite can operate and provide the desired services satisfactorily throughout its 
life. In satellite industry, best does not necessarily mean fit to the requirements and a 
common term used is KISS (Keep It Simple, Stupid!). This chapter will introduce the reader 
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2. Antenna section 

The signal is received by the receiving antenna and is processed by the repeater. The 
repeater can be transparent or regenerative. Mostly repeaters used for public 
communication are transparent and regenerative repeaters are used for military purposes. 
After processing the signal in repeater it is transmitted by the transmitting antenna. 
Communication antennas used in geostationary satellites are normally reflector antennas to 
overcome the high loss due to height of GEO orbit. The receiving and transmitting antennas 
can be the same hardware unit or different depending upon many factors that will be 
discussed in the coming sections. To decide the configuration of satellite antennas is very 
challenging task and is affected by many factors to be explored in the subsequent sections. 

 
4. Payload Performance Parameters 
 

In mission planning phase the service zones (called coverage regions or coverage polygons 
hereafter) and performance parameters for all the coverages are decided. The main 
performance parameters are operating frequency band(s), antenna polarization(s), EIRP 
(Effective Isotropic Radiated Power), G/T (Figure of Merit) and XPD (Cross Polarization 
Discrimination). Different polygons can have different performance parameter values 
depending upon many factors considered in the planning phase based on need and market 
survey e.g. intended application, predicted transponder usage, revenue generation and user 
equipment’s size & cost. 

 

From EIRP value, it is to decide the gain of transponders and the gain of antenna 
considering the feeder losses. The transponder power is a strong function of availability and 
choice of technology for high power devices like TWTAs (Travelling Wave Tube Amplifiers) 
and SSPAs (Solid State Power Amplifiers). The satellite thermal design is a strong function 
of heat generated by high power devices. Higher the operating power of a device; higher is 
the probability of its failure and higher risks to the mission. To satisfy the system’s reliability 
criterions, the design becomes more complex when dealing with high power devices. So to 
make the design simpler and more reliable, it is tried at best that the power of the 
transponder is kept minimum and high gain is achieved using larger antennas to meet the 
EIRP requirements while satisfying the mass, launch vehicle fairing accommodation and 
other related system constraints. Gain distribution between antenna and transponder may 
require several iterations and trade offs. 
While considering the G/T parameter, satellite antenna designer need to know the coverage 
region characteristics to find the antenna noise temperature. If satellite antenna is looking 
towards ocean, it will have less noise temperature; on the other hand, if antenna is looking 
at the hot earth its noise temperature will be high which will finally affect the G/T of 
satellite. Normally worst case is considered and antenna noise temperature is taken to be 
290K. We also need to know the noise generated by satellite receiver to find the system noise 
temperature. It is tried to get a receiver with lower noise but low noise receivers are costly. 
Once system noise temperature is known, the focus is shifted to receive antenna gain and 
correspondingly its size. An optimum antenna size is selected bearing in mind the 
performance required and constraints. 
To transmit and receive the signals faithfully high value of XPD is required. Normally XPD 
for satellite antennas in coverage polygons ranges from 27 to 30 dB. It is hard to satisfy the 
XPD requirements especially for wider coverage regions. XPD performance requirements 
can lead to different antenna configurations. 
The selection of frequency band(s) and polarization(s) is complex issue and will be 
discussed separately in coming sections. 
At the end of above exercise antenna designer at-least have operational frequencies, antenna 
polarization, values for gain and XPD of transmit & receive antennas in different coverage 
polygons. 

 
5. Frequency Band Selection for Communication Payload 
 

The frequency is a limited natural resource. ITU (International Telecommunication Union) 
has allocated different frequency bands to different regions of the world for different 
services. The frequency resource is shared among various satellite operators. When a new 
operator is planning to have a satellite to provide some service in a particular region and 
there already exist some satellite(s) with footprint in that region, ITU is contacted for the 
available frequencies in the intended service zone. The satellite operating frequencies and 
power levels are negotiated with existing operator(s) to limit the interference to an 
acceptable level. Existing operator(s) have preference over the new operator. ITU plays the 
role of moderator to resolve the outstanding issues among satellite operators. It is very 
important to resolve the issues with other satellite operators and it should be completed 
during the mission planning phase. If there is no frequency bandwidth available for a 
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certain orbital slot, it will be useless to put a satellite in such a slot because it cannot be 
operated due to international regulations. 
Sometimes frequencies used by TT&C (Telemetry Tracking & Command) subsystem falls in 
the communication frequency band, so we have to be very careful in selecting the 
frequencies in order to minimize the interference between TT&C subsystem and 
communication payload. 
For an antenna designer it is important to know the uplink and downlink frequency bands 
to be used by the intended satellite to design the antennas accordingly and to perform PIM 
(Passive Inter Modulation) analysis & decide the number of antennas. 

 
6. Polarization Selection 
 

Due to limited frequency bandwidth available, satellites make use of multiple polarizations 
to enhance the communication capacity. Multiple polarizations can be either linear or 
circular but not both together (in the same service area) as they cannot be separated. Satellite 
can have high capacity by using two orthogonal linear polarizations namely horizontal and 
vertical polarization. On the other hand, if choice is circular polarization then Left Hand 
Circular Polarization (LHCP) and Right Hand Circular Polarization (RHCP) can be used. 
Because users of satellite are many so while choosing antenna polarization, the availability 
of commercial communication equipment is considered. To avoid interference, existing 
satellite operators can impose binding on new operators to not to use certain polarization. 
ITU (International Telecommunication Union) plays key role to make the negotiations 
between operators successful. Satellite can have polarization switch on board to switch the 
required polarization in case of conflict between operators or due to some other reason. But 
this may lead to many complications (regarding reception & transmission as the satellite is 
already in use) and should be planned well in advance. Another factor considered during 
polarization selection is rain as it behaves differently for different polarizations as explained 
below (Johnson，1984). 
1. Differential attenuation: Due to non-spherical shape of falling rain droplets, 

horizontally polarized wave (polarization vector parallel to major axis of rain droplet 
ellipsoid) suffers higher attenuation than vertically polarized wave (polarization 
vector parallel to minor axis of rain droplet ellipsoid). The differential attenuation is 
about a decibel. 

2. Differential phase: When waves with horizontal and vertical polarizations 
propagate through anisotropic medium they suffer differential phase shift. Below 
10GHz, differential phase is more dominant and above 30GHz, differential attenuation 
is more dominant. In between these frequencies dominance depends 
upon tilt angle of link and the climate (Pratt, Bostian et al. 2003). 

3. Depolarization: A linearly polarized wave whose polarization is in between vertical 
and horizontal can be resolved in vertical and horizontal components. These 
components will propagate through the rain with their polarizations unchanged but 
horizontal component is more attenuated than vertical component. If these 
components are recombined to reconstruct the wave, result will be rotation of 
polarization towards the vertical and a cross polar component will be present. 

There is not much margin available in onboard transponder power while on the other hand 
the power of uplink from earth can be controlled. So rain is important to be considered 

 

when deciding the polarization for uplink and downlink. However, normally rain’s effect on 
polarization is paid less attention due to other dominant effects e.g. limitations imposed by 
other satellite operators. It is a usual practice to have about 2 to 3 dB higher antenna gain in 
regions with high rain as compared to regions with less rain. 

 
7. Satellite Antenna Design Drivers 
 

Mission statement defines almost all of the system level parameters. Communication 
payload parameters are extracted form mission statement and lay down the foundations for 
antenna subsystem parameters. The payload need to comply mission requirements, 
International Telecommunication Union (ITU) regulations, interference with neighbouring 
satellites, frequency coordination issues, and frequency bands of interest. Satellite antenna is 
designed for specific coverage(s) on earth. The satellite intended to operate in a specific 
location in geostationary orbit directly impacts on the coverage area in terms of look angles 
of earth antennas. 
Broadly speaking antenna performance design drivers can be divided into following 
categories 
1.Electrical performance 

a. High Effective Isotropic Radiated Power (EIRP), which results in high gain 
requirements of transmit antenna (downlink antenna of satellite) 

b. High Gain/system noise Temperature (G/T), results in high gain requirements of 
receive antenna (uplink antenna of satellite) 

c. Cross Polarization Discrimination (XPD) requirements for both uplink and 
downlink antennas resulting in selection of antenna configuration(s) 

d. Frequency band(s) of interest 
e. Intended Polarization and switching ability (if required) 
f. Passive Inter Modulation (PIM) analysis and necessary measures to avoid  
g.  Loss in antenna subsystem 
h. Interference of TT&C with communication band 
i. EMC and EMI (Electromagnetic Compatibility & Interference) issues of platform 

and payload 
j. Stability of antenna parameters during the entire service life 

2.Others 
a. Accommodation and mass constraints of satellite platform 
b. Antenna pointing requirements and satellite platform’s attitude stability  
c. Thermal and mechanical interfaces of satellite platform 
d. Thermal stability during the service life to ensure the electrical performance of 

antenna 
e. Antenna deployment mechanism 
f. Antenna materials and manufacturing technology 
g. Launch vehicle fairing accommodation constraints and dynamic launch environment 
h. Natural frequency of antenna structure to avoid the resonance 
i. Space Environment, temperature variations, vacuum cold welding, zero gravity 

environment 
j. The geopolitical and geographical factors can cause stringent coverage requirements 

and may have an impact on antenna manufacturer(s) selection, testing etc. 
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certain orbital slot, it will be useless to put a satellite in such a slot because it cannot be 
operated due to international regulations. 
Sometimes frequencies used by TT&C (Telemetry Tracking & Command) subsystem falls in 
the communication frequency band, so we have to be very careful in selecting the 
frequencies in order to minimize the interference between TT&C subsystem and 
communication payload. 
For an antenna designer it is important to know the uplink and downlink frequency bands 
to be used by the intended satellite to design the antennas accordingly and to perform PIM 
(Passive Inter Modulation) analysis & decide the number of antennas. 

 
6. Polarization Selection 
 

Due to limited frequency bandwidth available, satellites make use of multiple polarizations 
to enhance the communication capacity. Multiple polarizations can be either linear or 
circular but not both together (in the same service area) as they cannot be separated. Satellite 
can have high capacity by using two orthogonal linear polarizations namely horizontal and 
vertical polarization. On the other hand, if choice is circular polarization then Left Hand 
Circular Polarization (LHCP) and Right Hand Circular Polarization (RHCP) can be used. 
Because users of satellite are many so while choosing antenna polarization, the availability 
of commercial communication equipment is considered. To avoid interference, existing 
satellite operators can impose binding on new operators to not to use certain polarization. 
ITU (International Telecommunication Union) plays key role to make the negotiations 
between operators successful. Satellite can have polarization switch on board to switch the 
required polarization in case of conflict between operators or due to some other reason. But 
this may lead to many complications (regarding reception & transmission as the satellite is 
already in use) and should be planned well in advance. Another factor considered during 
polarization selection is rain as it behaves differently for different polarizations as explained 
below (Johnson，1984). 
1. Differential attenuation: Due to non-spherical shape of falling rain droplets, 

horizontally polarized wave (polarization vector parallel to major axis of rain droplet 
ellipsoid) suffers higher attenuation than vertically polarized wave (polarization 
vector parallel to minor axis of rain droplet ellipsoid). The differential attenuation is 
about a decibel. 

2. Differential phase: When waves with horizontal and vertical polarizations 
propagate through anisotropic medium they suffer differential phase shift. Below 
10GHz, differential phase is more dominant and above 30GHz, differential attenuation 
is more dominant. In between these frequencies dominance depends 
upon tilt angle of link and the climate (Pratt, Bostian et al. 2003). 

3. Depolarization: A linearly polarized wave whose polarization is in between vertical 
and horizontal can be resolved in vertical and horizontal components. These 
components will propagate through the rain with their polarizations unchanged but 
horizontal component is more attenuated than vertical component. If these 
components are recombined to reconstruct the wave, result will be rotation of 
polarization towards the vertical and a cross polar component will be present. 

There is not much margin available in onboard transponder power while on the other hand 
the power of uplink from earth can be controlled. So rain is important to be considered 

 

when deciding the polarization for uplink and downlink. However, normally rain’s effect on 
polarization is paid less attention due to other dominant effects e.g. limitations imposed by 
other satellite operators. It is a usual practice to have about 2 to 3 dB higher antenna gain in 
regions with high rain as compared to regions with less rain. 

 
7. Satellite Antenna Design Drivers 
 

Mission statement defines almost all of the system level parameters. Communication 
payload parameters are extracted form mission statement and lay down the foundations for 
antenna subsystem parameters. The payload need to comply mission requirements, 
International Telecommunication Union (ITU) regulations, interference with neighbouring 
satellites, frequency coordination issues, and frequency bands of interest. Satellite antenna is 
designed for specific coverage(s) on earth. The satellite intended to operate in a specific 
location in geostationary orbit directly impacts on the coverage area in terms of look angles 
of earth antennas. 
Broadly speaking antenna performance design drivers can be divided into following 
categories 
1.Electrical performance 

a. High Effective Isotropic Radiated Power (EIRP), which results in high gain 
requirements of transmit antenna (downlink antenna of satellite) 

b. High Gain/system noise Temperature (G/T), results in high gain requirements of 
receive antenna (uplink antenna of satellite) 

c. Cross Polarization Discrimination (XPD) requirements for both uplink and 
downlink antennas resulting in selection of antenna configuration(s) 

d. Frequency band(s) of interest 
e. Intended Polarization and switching ability (if required) 
f. Passive Inter Modulation (PIM) analysis and necessary measures to avoid  
g.  Loss in antenna subsystem 
h. Interference of TT&C with communication band 
i. EMC and EMI (Electromagnetic Compatibility & Interference) issues of platform 

and payload 
j. Stability of antenna parameters during the entire service life 

2.Others 
a. Accommodation and mass constraints of satellite platform 
b. Antenna pointing requirements and satellite platform’s attitude stability  
c. Thermal and mechanical interfaces of satellite platform 
d. Thermal stability during the service life to ensure the electrical performance of 

antenna 
e. Antenna deployment mechanism 
f. Antenna materials and manufacturing technology 
g. Launch vehicle fairing accommodation constraints and dynamic launch environment 
h. Natural frequency of antenna structure to avoid the resonance 
i. Space Environment, temperature variations, vacuum cold welding, zero gravity 

environment 
j. The geopolitical and geographical factors can cause stringent coverage requirements 

and may have an impact on antenna manufacturer(s) selection, testing etc. 
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certain orbital slot, it will be useless to put a satellite in such a slot because it cannot be 
operated due to international regulations. 
Sometimes frequencies used by TT&C (Telemetry Tracking & Command) subsystem falls in 
the communication frequency band, so we have to be very careful in selecting the 
frequencies in order to minimize the interference between TT&C subsystem and 
communication payload. 
For an antenna designer it is important to know the uplink and downlink frequency bands 
to be used by the intended satellite to design the antennas accordingly and to perform PIM 
(Passive Inter Modulation) analysis & decide the number of antennas. 

 
6. Polarization Selection 
 

Due to limited frequency bandwidth available, satellites make use of multiple polarizations 
to enhance the communication capacity. Multiple polarizations can be either linear or 
circular but not both together (in the same service area) as they cannot be separated. Satellite 
can have high capacity by using two orthogonal linear polarizations namely horizontal and 
vertical polarization. On the other hand, if choice is circular polarization then Left Hand 
Circular Polarization (LHCP) and Right Hand Circular Polarization (RHCP) can be used. 
Because users of satellite are many so while choosing antenna polarization, the availability 
of commercial communication equipment is considered. To avoid interference, existing 
satellite operators can impose binding on new operators to not to use certain polarization. 
ITU (International Telecommunication Union) plays key role to make the negotiations 
between operators successful. Satellite can have polarization switch on board to switch the 
required polarization in case of conflict between operators or due to some other reason. But 
this may lead to many complications (regarding reception & transmission as the satellite is 
already in use) and should be planned well in advance. Another factor considered during 
polarization selection is rain as it behaves differently for different polarizations as explained 
below (Johnson，1984). 
1. Differential attenuation: Due to non-spherical shape of falling rain droplets, 

horizontally polarized wave (polarization vector parallel to major axis of rain droplet 
ellipsoid) suffers higher attenuation than vertically polarized wave (polarization 
vector parallel to minor axis of rain droplet ellipsoid). The differential attenuation is 
about a decibel. 

2. Differential phase: When waves with horizontal and vertical polarizations 
propagate through anisotropic medium they suffer differential phase shift. Below 
10GHz, differential phase is more dominant and above 30GHz, differential attenuation 
is more dominant. In between these frequencies dominance depends 
upon tilt angle of link and the climate (Pratt, Bostian et al. 2003). 

3. Depolarization: A linearly polarized wave whose polarization is in between vertical 
and horizontal can be resolved in vertical and horizontal components. These 
components will propagate through the rain with their polarizations unchanged but 
horizontal component is more attenuated than vertical component. If these 
components are recombined to reconstruct the wave, result will be rotation of 
polarization towards the vertical and a cross polar component will be present. 

There is not much margin available in onboard transponder power while on the other hand 
the power of uplink from earth can be controlled. So rain is important to be considered 

 

when deciding the polarization for uplink and downlink. However, normally rain’s effect on 
polarization is paid less attention due to other dominant effects e.g. limitations imposed by 
other satellite operators. It is a usual practice to have about 2 to 3 dB higher antenna gain in 
regions with high rain as compared to regions with less rain. 

 
7. Satellite Antenna Design Drivers 
 

Mission statement defines almost all of the system level parameters. Communication 
payload parameters are extracted form mission statement and lay down the foundations for 
antenna subsystem parameters. The payload need to comply mission requirements, 
International Telecommunication Union (ITU) regulations, interference with neighbouring 
satellites, frequency coordination issues, and frequency bands of interest. Satellite antenna is 
designed for specific coverage(s) on earth. The satellite intended to operate in a specific 
location in geostationary orbit directly impacts on the coverage area in terms of look angles 
of earth antennas. 
Broadly speaking antenna performance design drivers can be divided into following 
categories 
1.Electrical performance 

a. High Effective Isotropic Radiated Power (EIRP), which results in high gain 
requirements of transmit antenna (downlink antenna of satellite) 

b. High Gain/system noise Temperature (G/T), results in high gain requirements of 
receive antenna (uplink antenna of satellite) 

c. Cross Polarization Discrimination (XPD) requirements for both uplink and 
downlink antennas resulting in selection of antenna configuration(s) 

d. Frequency band(s) of interest 
e. Intended Polarization and switching ability (if required) 
f. Passive Inter Modulation (PIM) analysis and necessary measures to avoid  
g.  Loss in antenna subsystem 
h. Interference of TT&C with communication band 
i. EMC and EMI (Electromagnetic Compatibility & Interference) issues of platform 

and payload 
j. Stability of antenna parameters during the entire service life 

2.Others 
a. Accommodation and mass constraints of satellite platform 
b. Antenna pointing requirements and satellite platform’s attitude stability  
c. Thermal and mechanical interfaces of satellite platform 
d. Thermal stability during the service life to ensure the electrical performance of 

antenna 
e. Antenna deployment mechanism 
f. Antenna materials and manufacturing technology 
g. Launch vehicle fairing accommodation constraints and dynamic launch environment 
h. Natural frequency of antenna structure to avoid the resonance 
i. Space Environment, temperature variations, vacuum cold welding, zero gravity 

environment 
j. The geopolitical and geographical factors can cause stringent coverage requirements 

and may have an impact on antenna manufacturer(s) selection, testing etc. 
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certain orbital slot, it will be useless to put a satellite in such a slot because it cannot be 
operated due to international regulations. 
Sometimes frequencies used by TT&C (Telemetry Tracking & Command) subsystem falls in 
the communication frequency band, so we have to be very careful in selecting the 
frequencies in order to minimize the interference between TT&C subsystem and 
communication payload. 
For an antenna designer it is important to know the uplink and downlink frequency bands 
to be used by the intended satellite to design the antennas accordingly and to perform PIM 
(Passive Inter Modulation) analysis & decide the number of antennas. 

 
6. Polarization Selection 
 

Due to limited frequency bandwidth available, satellites make use of multiple polarizations 
to enhance the communication capacity. Multiple polarizations can be either linear or 
circular but not both together (in the same service area) as they cannot be separated. Satellite 
can have high capacity by using two orthogonal linear polarizations namely horizontal and 
vertical polarization. On the other hand, if choice is circular polarization then Left Hand 
Circular Polarization (LHCP) and Right Hand Circular Polarization (RHCP) can be used. 
Because users of satellite are many so while choosing antenna polarization, the availability 
of commercial communication equipment is considered. To avoid interference, existing 
satellite operators can impose binding on new operators to not to use certain polarization. 
ITU (International Telecommunication Union) plays key role to make the negotiations 
between operators successful. Satellite can have polarization switch on board to switch the 
required polarization in case of conflict between operators or due to some other reason. But 
this may lead to many complications (regarding reception & transmission as the satellite is 
already in use) and should be planned well in advance. Another factor considered during 
polarization selection is rain as it behaves differently for different polarizations as explained 
below (Johnson，1984). 
1. Differential attenuation: Due to non-spherical shape of falling rain droplets, 

horizontally polarized wave (polarization vector parallel to major axis of rain droplet 
ellipsoid) suffers higher attenuation than vertically polarized wave (polarization 
vector parallel to minor axis of rain droplet ellipsoid). The differential attenuation is 
about a decibel. 

2. Differential phase: When waves with horizontal and vertical polarizations 
propagate through anisotropic medium they suffer differential phase shift. Below 
10GHz, differential phase is more dominant and above 30GHz, differential attenuation 
is more dominant. In between these frequencies dominance depends 
upon tilt angle of link and the climate (Pratt, Bostian et al. 2003). 

3. Depolarization: A linearly polarized wave whose polarization is in between vertical 
and horizontal can be resolved in vertical and horizontal components. These 
components will propagate through the rain with their polarizations unchanged but 
horizontal component is more attenuated than vertical component. If these 
components are recombined to reconstruct the wave, result will be rotation of 
polarization towards the vertical and a cross polar component will be present. 

There is not much margin available in onboard transponder power while on the other hand 
the power of uplink from earth can be controlled. So rain is important to be considered 

 

when deciding the polarization for uplink and downlink. However, normally rain’s effect on 
polarization is paid less attention due to other dominant effects e.g. limitations imposed by 
other satellite operators. It is a usual practice to have about 2 to 3 dB higher antenna gain in 
regions with high rain as compared to regions with less rain. 

 
7. Satellite Antenna Design Drivers 
 

Mission statement defines almost all of the system level parameters. Communication 
payload parameters are extracted form mission statement and lay down the foundations for 
antenna subsystem parameters. The payload need to comply mission requirements, 
International Telecommunication Union (ITU) regulations, interference with neighbouring 
satellites, frequency coordination issues, and frequency bands of interest. Satellite antenna is 
designed for specific coverage(s) on earth. The satellite intended to operate in a specific 
location in geostationary orbit directly impacts on the coverage area in terms of look angles 
of earth antennas. 
Broadly speaking antenna performance design drivers can be divided into following 
categories 
1.Electrical performance 

a. High Effective Isotropic Radiated Power (EIRP), which results in high gain 
requirements of transmit antenna (downlink antenna of satellite) 

b. High Gain/system noise Temperature (G/T), results in high gain requirements of 
receive antenna (uplink antenna of satellite) 

c. Cross Polarization Discrimination (XPD) requirements for both uplink and 
downlink antennas resulting in selection of antenna configuration(s) 

d. Frequency band(s) of interest 
e. Intended Polarization and switching ability (if required) 
f. Passive Inter Modulation (PIM) analysis and necessary measures to avoid  
g.  Loss in antenna subsystem 
h. Interference of TT&C with communication band 
i. EMC and EMI (Electromagnetic Compatibility & Interference) issues of platform 

and payload 
j. Stability of antenna parameters during the entire service life 

2.Others 
a. Accommodation and mass constraints of satellite platform 
b. Antenna pointing requirements and satellite platform’s attitude stability  
c. Thermal and mechanical interfaces of satellite platform 
d. Thermal stability during the service life to ensure the electrical performance of 

antenna 
e. Antenna deployment mechanism 
f. Antenna materials and manufacturing technology 
g. Launch vehicle fairing accommodation constraints and dynamic launch environment 
h. Natural frequency of antenna structure to avoid the resonance 
i. Space Environment, temperature variations, vacuum cold welding, zero gravity 

environment 
j. The geopolitical and geographical factors can cause stringent coverage requirements 

and may have an impact on antenna manufacturer(s) selection, testing etc. 
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An antenna designer should be well conversant with other relevant systems so that final 
product is compatible with the whole system without any flaws. Some of the above factors 
are coupled to each other e.g. antenna placement and feeder link loss. Keeping in view the 
interactions of antenna system with other systems, we will discuss satellite platform, 
satellite launch vehicle and space environment briefly to develop a feeling about the factors 
that antenna designer have to consider during the design process. After developing a feel 
about constraints that other systems put on antenna system, the focus will be shifted to 
electrical performance of antenna and ways to achieve it. 

 
8. Satellite Platform and Antenna 
 

Satellite can be divided into two basic units namely the payload and the platform (bus). The 
payload is to fulfil the mission objectives and the platform is the basic unit to make the 
payload operational throughout the satellite’s service life. The payload characteristics like 
mass, size, electrical power, configuration, pointing requirements, and operational life 
defines the abilities of platform. On the other hand, if an organization wants to use the 
existing platform (which is the normal case for commercial purposes) then the payload 
characteristics are limited by available platforms. Normally it is an iterative process to 
choose a platform to meet the payload requirements. 
Satellite platform consists of all the supporting subsystems to support the payload so that it 
can work normally. Following are major subsystems of the platform 

1. Structure Subsystem 
2. Electrical Power Subsystem (EPS) 
3. Attitude and Orbit Control Subsystem (AOCS) 
4. Telemetry, Tracking and Command Subsystem (TT&C) 
5. On Board Data Handling Subsystem (OBDH) 
6. Propulsion Subsystems 
7. Thermal Subsystem 

The optimum placement of subsystems inside the platform is a challenging task and a lot of 
factors need to be considered e.g. accommodation space, structural stiffness, satellite 
balance, thermal requirements, clear field of view, EMI & EMC requirements, RF (Radio 
Frequency) power loss, power loss in harness network etc. The payload is placed such that 

1. The received signal’s G/T and transmitted signal’s EIRP is maximized by 
minimizing the feeder links loss between antennas & repeater. 
2. TWTA generated heat can be dissipated easily to maintain the temperature 
within specified limits. 
3. Mass distribution is such that platform can be kept balanced. 

In three axis-stabilized spacecrafts, the antennas can be mounted on earth deck, east, and 
west panels. The earth deck may contain TT&C antennas along with communication 
antennas. The sidewall antennas are deployable and are in stowed position during launch. 
The deployable antennas can be deployed while spacecraft is in GTO (Geosynchronous 
Transfer Orbit) or in final orbit depending upon the mission. It is better to deploy antennas 
in GTO to ensure the successful deployment in early stages. It is a general practice to mount 
solar arrays on north and south panels so that it can face the sun to generate the maximum 
output power. Rest of the subsystems need many optimizations to get proper place in the 
platform. 

 

It is required that the communication antennas should point to the earth all the time to 
provide coverage to the service zone satisfactorily. The pointing accuracy of platform has 
direct influence on satellite’s communication performance. The pointing accuracy is 
expressed by a statistical parameter 3  (3 Sigma) which indicates that almost 97% of the 
time, the pointing will be as desired. The desired pointing is normally 0.1 degree in roll & 
pitch axis and about 1 degree in yaw axis. During design, pointing error need to be 
considered with a great concern and communication payload is designed such that it can 
fulfil the requirements in presence of specified pointing error. Every platform specifies 
number, size, configuration, and mass of antennas that can be supported. Therefore, 
antennas should be designed to be compatible with the platform. 

 
9. Satellite Launch Vehicle (SLV) and Antenna 
 

To put the satellite in orbit launcher is used. Satellite is placed in launch vehicle’s fairing and 
acts as payload for it. Mostly launch vehicles consist of multiple stages in order to achieve 
high mass ratio. The satellite is designed and tested keeping is view the launch and in orbit 
environment. The capabilities of launch vehicle, e.g. fairing size and supported mass put an 
upper limit on satellite. Various launchers are available in the market. Some SLVs can put 
the satellite directly in orbit & most of the SLVs put the satellite in GTO. From GTO apogee 
engine of satellite is usually fired multiple times to reach to the final orbit. Some available 
launch vehicles are Ariane, Atlas, Delta, Long March, GSLV, Athena, Beal BA, H-IIA, 
Taurus, Zenit, [{Titan and Proton}(capable of direct to GEO)]. Details can be found at (Space 
and Technology, 2009). The satellite launch can be dedicated or piggyback. Factors 
considered while choosing a launch vehicle are its fairing size, cost, reliability, launch 
heritage, location of launching site, on time availability and political relations etc. Location 
of launch site is important because putting the satellite in equatorial orbit may require 
additional fuel consumption to correct the inclination. A typical launch vehicle fairing is 
shown in Figure  1 (ILS, 2004). It is important to have specified clearance inside the fairing 
after the satellite is placed in it. 
Launch vehicle manufacturer is contacted in very early phases of satellite contract signing to 
make sure that satellite interface is compatible with the launch vehicle. It is a general 
practice to make the satellite compatible with multiple SLVs. The important informations 
required by satellite antenna designer about SLV are fairing dimensions, natural frequencies 
and the launch environment loads. Fairing dimensions decide the maximum allowable 
antenna size and natural frequencies & launch environment tells about the antenna 
structural requirements so that antenna can withstand the highly dynamic environment 
created during the launching phase. The launch environment includes acoustic noise, 
vibrations, acceleration, and mechanical shocks, etc. Launch vehicle manufacturer provides 
such data to the users and a coupled load analysis is performed to ensure a successful 
mission. 

 
10. Space Environment and Antenna 
 

The space environment is different from the environment on earth. The outer space 
temperature is about 4K (Kelvin), pressure is extremely low normally considered as vacuum 
moreover, there is no gravity (0 g). There exists undesired phenomenon e.g. vacuum cold 
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An antenna designer should be well conversant with other relevant systems so that final 
product is compatible with the whole system without any flaws. Some of the above factors 
are coupled to each other e.g. antenna placement and feeder link loss. Keeping in view the 
interactions of antenna system with other systems, we will discuss satellite platform, 
satellite launch vehicle and space environment briefly to develop a feeling about the factors 
that antenna designer have to consider during the design process. After developing a feel 
about constraints that other systems put on antenna system, the focus will be shifted to 
electrical performance of antenna and ways to achieve it. 

 
8. Satellite Platform and Antenna 
 

Satellite can be divided into two basic units namely the payload and the platform (bus). The 
payload is to fulfil the mission objectives and the platform is the basic unit to make the 
payload operational throughout the satellite’s service life. The payload characteristics like 
mass, size, electrical power, configuration, pointing requirements, and operational life 
defines the abilities of platform. On the other hand, if an organization wants to use the 
existing platform (which is the normal case for commercial purposes) then the payload 
characteristics are limited by available platforms. Normally it is an iterative process to 
choose a platform to meet the payload requirements. 
Satellite platform consists of all the supporting subsystems to support the payload so that it 
can work normally. Following are major subsystems of the platform 

1. Structure Subsystem 
2. Electrical Power Subsystem (EPS) 
3. Attitude and Orbit Control Subsystem (AOCS) 
4. Telemetry, Tracking and Command Subsystem (TT&C) 
5. On Board Data Handling Subsystem (OBDH) 
6. Propulsion Subsystems 
7. Thermal Subsystem 

The optimum placement of subsystems inside the platform is a challenging task and a lot of 
factors need to be considered e.g. accommodation space, structural stiffness, satellite 
balance, thermal requirements, clear field of view, EMI & EMC requirements, RF (Radio 
Frequency) power loss, power loss in harness network etc. The payload is placed such that 

1. The received signal’s G/T and transmitted signal’s EIRP is maximized by 
minimizing the feeder links loss between antennas & repeater. 
2. TWTA generated heat can be dissipated easily to maintain the temperature 
within specified limits. 
3. Mass distribution is such that platform can be kept balanced. 

In three axis-stabilized spacecrafts, the antennas can be mounted on earth deck, east, and 
west panels. The earth deck may contain TT&C antennas along with communication 
antennas. The sidewall antennas are deployable and are in stowed position during launch. 
The deployable antennas can be deployed while spacecraft is in GTO (Geosynchronous 
Transfer Orbit) or in final orbit depending upon the mission. It is better to deploy antennas 
in GTO to ensure the successful deployment in early stages. It is a general practice to mount 
solar arrays on north and south panels so that it can face the sun to generate the maximum 
output power. Rest of the subsystems need many optimizations to get proper place in the 
platform. 

 

It is required that the communication antennas should point to the earth all the time to 
provide coverage to the service zone satisfactorily. The pointing accuracy of platform has 
direct influence on satellite’s communication performance. The pointing accuracy is 
expressed by a statistical parameter 3  (3 Sigma) which indicates that almost 97% of the 
time, the pointing will be as desired. The desired pointing is normally 0.1 degree in roll & 
pitch axis and about 1 degree in yaw axis. During design, pointing error need to be 
considered with a great concern and communication payload is designed such that it can 
fulfil the requirements in presence of specified pointing error. Every platform specifies 
number, size, configuration, and mass of antennas that can be supported. Therefore, 
antennas should be designed to be compatible with the platform. 

 
9. Satellite Launch Vehicle (SLV) and Antenna 
 

To put the satellite in orbit launcher is used. Satellite is placed in launch vehicle’s fairing and 
acts as payload for it. Mostly launch vehicles consist of multiple stages in order to achieve 
high mass ratio. The satellite is designed and tested keeping is view the launch and in orbit 
environment. The capabilities of launch vehicle, e.g. fairing size and supported mass put an 
upper limit on satellite. Various launchers are available in the market. Some SLVs can put 
the satellite directly in orbit & most of the SLVs put the satellite in GTO. From GTO apogee 
engine of satellite is usually fired multiple times to reach to the final orbit. Some available 
launch vehicles are Ariane, Atlas, Delta, Long March, GSLV, Athena, Beal BA, H-IIA, 
Taurus, Zenit, [{Titan and Proton}(capable of direct to GEO)]. Details can be found at (Space 
and Technology, 2009). The satellite launch can be dedicated or piggyback. Factors 
considered while choosing a launch vehicle are its fairing size, cost, reliability, launch 
heritage, location of launching site, on time availability and political relations etc. Location 
of launch site is important because putting the satellite in equatorial orbit may require 
additional fuel consumption to correct the inclination. A typical launch vehicle fairing is 
shown in Figure  1 (ILS, 2004). It is important to have specified clearance inside the fairing 
after the satellite is placed in it. 
Launch vehicle manufacturer is contacted in very early phases of satellite contract signing to 
make sure that satellite interface is compatible with the launch vehicle. It is a general 
practice to make the satellite compatible with multiple SLVs. The important informations 
required by satellite antenna designer about SLV are fairing dimensions, natural frequencies 
and the launch environment loads. Fairing dimensions decide the maximum allowable 
antenna size and natural frequencies & launch environment tells about the antenna 
structural requirements so that antenna can withstand the highly dynamic environment 
created during the launching phase. The launch environment includes acoustic noise, 
vibrations, acceleration, and mechanical shocks, etc. Launch vehicle manufacturer provides 
such data to the users and a coupled load analysis is performed to ensure a successful 
mission. 
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temperature is about 4K (Kelvin), pressure is extremely low normally considered as vacuum 
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An antenna designer should be well conversant with other relevant systems so that final 
product is compatible with the whole system without any flaws. Some of the above factors 
are coupled to each other e.g. antenna placement and feeder link loss. Keeping in view the 
interactions of antenna system with other systems, we will discuss satellite platform, 
satellite launch vehicle and space environment briefly to develop a feeling about the factors 
that antenna designer have to consider during the design process. After developing a feel 
about constraints that other systems put on antenna system, the focus will be shifted to 
electrical performance of antenna and ways to achieve it. 
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mass, size, electrical power, configuration, pointing requirements, and operational life 
defines the abilities of platform. On the other hand, if an organization wants to use the 
existing platform (which is the normal case for commercial purposes) then the payload 
characteristics are limited by available platforms. Normally it is an iterative process to 
choose a platform to meet the payload requirements. 
Satellite platform consists of all the supporting subsystems to support the payload so that it 
can work normally. Following are major subsystems of the platform 
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2. Electrical Power Subsystem (EPS) 
3. Attitude and Orbit Control Subsystem (AOCS) 
4. Telemetry, Tracking and Command Subsystem (TT&C) 
5. On Board Data Handling Subsystem (OBDH) 
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The optimum placement of subsystems inside the platform is a challenging task and a lot of 
factors need to be considered e.g. accommodation space, structural stiffness, satellite 
balance, thermal requirements, clear field of view, EMI & EMC requirements, RF (Radio 
Frequency) power loss, power loss in harness network etc. The payload is placed such that 

1. The received signal’s G/T and transmitted signal’s EIRP is maximized by 
minimizing the feeder links loss between antennas & repeater. 
2. TWTA generated heat can be dissipated easily to maintain the temperature 
within specified limits. 
3. Mass distribution is such that platform can be kept balanced. 

In three axis-stabilized spacecrafts, the antennas can be mounted on earth deck, east, and 
west panels. The earth deck may contain TT&C antennas along with communication 
antennas. The sidewall antennas are deployable and are in stowed position during launch. 
The deployable antennas can be deployed while spacecraft is in GTO (Geosynchronous 
Transfer Orbit) or in final orbit depending upon the mission. It is better to deploy antennas 
in GTO to ensure the successful deployment in early stages. It is a general practice to mount 
solar arrays on north and south panels so that it can face the sun to generate the maximum 
output power. Rest of the subsystems need many optimizations to get proper place in the 
platform. 

 

It is required that the communication antennas should point to the earth all the time to 
provide coverage to the service zone satisfactorily. The pointing accuracy of platform has 
direct influence on satellite’s communication performance. The pointing accuracy is 
expressed by a statistical parameter 3  (3 Sigma) which indicates that almost 97% of the 
time, the pointing will be as desired. The desired pointing is normally 0.1 degree in roll & 
pitch axis and about 1 degree in yaw axis. During design, pointing error need to be 
considered with a great concern and communication payload is designed such that it can 
fulfil the requirements in presence of specified pointing error. Every platform specifies 
number, size, configuration, and mass of antennas that can be supported. Therefore, 
antennas should be designed to be compatible with the platform. 
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To put the satellite in orbit launcher is used. Satellite is placed in launch vehicle’s fairing and 
acts as payload for it. Mostly launch vehicles consist of multiple stages in order to achieve 
high mass ratio. The satellite is designed and tested keeping is view the launch and in orbit 
environment. The capabilities of launch vehicle, e.g. fairing size and supported mass put an 
upper limit on satellite. Various launchers are available in the market. Some SLVs can put 
the satellite directly in orbit & most of the SLVs put the satellite in GTO. From GTO apogee 
engine of satellite is usually fired multiple times to reach to the final orbit. Some available 
launch vehicles are Ariane, Atlas, Delta, Long March, GSLV, Athena, Beal BA, H-IIA, 
Taurus, Zenit, [{Titan and Proton}(capable of direct to GEO)]. Details can be found at (Space 
and Technology, 2009). The satellite launch can be dedicated or piggyback. Factors 
considered while choosing a launch vehicle are its fairing size, cost, reliability, launch 
heritage, location of launching site, on time availability and political relations etc. Location 
of launch site is important because putting the satellite in equatorial orbit may require 
additional fuel consumption to correct the inclination. A typical launch vehicle fairing is 
shown in Figure  1 (ILS, 2004). It is important to have specified clearance inside the fairing 
after the satellite is placed in it. 
Launch vehicle manufacturer is contacted in very early phases of satellite contract signing to 
make sure that satellite interface is compatible with the launch vehicle. It is a general 
practice to make the satellite compatible with multiple SLVs. The important informations 
required by satellite antenna designer about SLV are fairing dimensions, natural frequencies 
and the launch environment loads. Fairing dimensions decide the maximum allowable 
antenna size and natural frequencies & launch environment tells about the antenna 
structural requirements so that antenna can withstand the highly dynamic environment 
created during the launching phase. The launch environment includes acoustic noise, 
vibrations, acceleration, and mechanical shocks, etc. Launch vehicle manufacturer provides 
such data to the users and a coupled load analysis is performed to ensure a successful 
mission. 
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product is compatible with the whole system without any flaws. Some of the above factors 
are coupled to each other e.g. antenna placement and feeder link loss. Keeping in view the 
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defines the abilities of platform. On the other hand, if an organization wants to use the 
existing platform (which is the normal case for commercial purposes) then the payload 
characteristics are limited by available platforms. Normally it is an iterative process to 
choose a platform to meet the payload requirements. 
Satellite platform consists of all the supporting subsystems to support the payload so that it 
can work normally. Following are major subsystems of the platform 
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2. Electrical Power Subsystem (EPS) 
3. Attitude and Orbit Control Subsystem (AOCS) 
4. Telemetry, Tracking and Command Subsystem (TT&C) 
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The optimum placement of subsystems inside the platform is a challenging task and a lot of 
factors need to be considered e.g. accommodation space, structural stiffness, satellite 
balance, thermal requirements, clear field of view, EMI & EMC requirements, RF (Radio 
Frequency) power loss, power loss in harness network etc. The payload is placed such that 

1. The received signal’s G/T and transmitted signal’s EIRP is maximized by 
minimizing the feeder links loss between antennas & repeater. 
2. TWTA generated heat can be dissipated easily to maintain the temperature 
within specified limits. 
3. Mass distribution is such that platform can be kept balanced. 

In three axis-stabilized spacecrafts, the antennas can be mounted on earth deck, east, and 
west panels. The earth deck may contain TT&C antennas along with communication 
antennas. The sidewall antennas are deployable and are in stowed position during launch. 
The deployable antennas can be deployed while spacecraft is in GTO (Geosynchronous 
Transfer Orbit) or in final orbit depending upon the mission. It is better to deploy antennas 
in GTO to ensure the successful deployment in early stages. It is a general practice to mount 
solar arrays on north and south panels so that it can face the sun to generate the maximum 
output power. Rest of the subsystems need many optimizations to get proper place in the 
platform. 

 

It is required that the communication antennas should point to the earth all the time to 
provide coverage to the service zone satisfactorily. The pointing accuracy of platform has 
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expressed by a statistical parameter 3  (3 Sigma) which indicates that almost 97% of the 
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pitch axis and about 1 degree in yaw axis. During design, pointing error need to be 
considered with a great concern and communication payload is designed such that it can 
fulfil the requirements in presence of specified pointing error. Every platform specifies 
number, size, configuration, and mass of antennas that can be supported. Therefore, 
antennas should be designed to be compatible with the platform. 
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To put the satellite in orbit launcher is used. Satellite is placed in launch vehicle’s fairing and 
acts as payload for it. Mostly launch vehicles consist of multiple stages in order to achieve 
high mass ratio. The satellite is designed and tested keeping is view the launch and in orbit 
environment. The capabilities of launch vehicle, e.g. fairing size and supported mass put an 
upper limit on satellite. Various launchers are available in the market. Some SLVs can put 
the satellite directly in orbit & most of the SLVs put the satellite in GTO. From GTO apogee 
engine of satellite is usually fired multiple times to reach to the final orbit. Some available 
launch vehicles are Ariane, Atlas, Delta, Long March, GSLV, Athena, Beal BA, H-IIA, 
Taurus, Zenit, [{Titan and Proton}(capable of direct to GEO)]. Details can be found at (Space 
and Technology, 2009). The satellite launch can be dedicated or piggyback. Factors 
considered while choosing a launch vehicle are its fairing size, cost, reliability, launch 
heritage, location of launching site, on time availability and political relations etc. Location 
of launch site is important because putting the satellite in equatorial orbit may require 
additional fuel consumption to correct the inclination. A typical launch vehicle fairing is 
shown in Figure  1 (ILS, 2004). It is important to have specified clearance inside the fairing 
after the satellite is placed in it. 
Launch vehicle manufacturer is contacted in very early phases of satellite contract signing to 
make sure that satellite interface is compatible with the launch vehicle. It is a general 
practice to make the satellite compatible with multiple SLVs. The important informations 
required by satellite antenna designer about SLV are fairing dimensions, natural frequencies 
and the launch environment loads. Fairing dimensions decide the maximum allowable 
antenna size and natural frequencies & launch environment tells about the antenna 
structural requirements so that antenna can withstand the highly dynamic environment 
created during the launching phase. The launch environment includes acoustic noise, 
vibrations, acceleration, and mechanical shocks, etc. Launch vehicle manufacturer provides 
such data to the users and a coupled load analysis is performed to ensure a successful 
mission. 
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temperature is about 4K (Kelvin), pressure is extremely low normally considered as vacuum 
moreover, there is no gravity (0 g). There exists undesired phenomenon e.g. vacuum cold 
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welding that can result in antenna deployment failure. There are so many factors in space, 
which are beyond the scope of this chapter. Normally there is team for design & 
development process and antenna designer should have the knowledge of space 
environment but there are other people around him to assist. 
At this stage this is enough to know that on front side of antenna there are thermally stable 
paints that do not effect the communication much and on back side of the antenna there are 
MLIs (Multi Layer Insulations) for thermal stability. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
                       (a) Fairing                                     (b) Payload accommodation inside fairing 
Fig. 1. A typical launch vehicle fairing (mm)  (ILS, 2004) 

 
11. Passive Inter-Modulation (PIM) Analysis 
 

Passive inter modulation is becoming an increasing concern in satellite design due to its 
debilitating effect on the communication performance. When more than one frequency 
encounters a non-linear electrical junction or material, PIM is generated. PIM results in 
undesired signals that are mathematically related to original frequencies. In multicarrier 
environment, the PIM analysis is performed to know whether some inter-modulation 
harmonic(s) of transmitted signal are falling in the receiving band or not. If such harmonic 
with enough high power exist, they are likely to damage the satellite’s receiver or make it 
oscillate and may cause communication failure if necessary measures are not taken. PIM 
analysis is so important that full conferences have been focused on it (ESTEC, 2003). PIM 
analysis is performs in advance to avoid such failures. The analysis can be performed using 
following formulation 
 

1 1 2 2 3 3 ...    freq n nPIM N f N f N f N f                              (1) 

 

where 1 2 3, , , ..., nN N N N  are integers. 
 
Order of PIM is given by  1 2 3| | | | | ... | |     nN N N N N                                  (2) 
 
Lower order PIMs has higher power associated with them and band edge frequencies 
generate lowest order PIM. These days softwares are available to perform PIM analysis (GL 
Communications Inc., 2009) & (F-Intermod, 2009). Many satellite manufacturers use their 
own custom made softwares. PIM issue is so important that it has to be considered with 
intense attention at every stage including design, manufacturing, integration, and 
maintenance. Currently there is no complete mathematical modelling available that can 
ensure PIM free design. Only the precautions, experience and testing are in use. Following 
measures can be taken to suppress the level of PIM. 

1. Avoid using ferrous metals, avoid dissimilar metals in direct contact, avoid any 
type of dust; pollution and contamination of parts, minimize the number of contact 
junctions, apply sufficient pressure on junctions, properly align the parts, solder the 
junctions, avoid oxidation by uniformly plating the surfaces and pay attention to 
bending of cables & torque applied to connectors (Summitek Instruments, Inc., 2009). 
2. Use a filter in transmit path to suppress the received band frequencies and use low 
PIM feed horn(s). 
3. Use different antennas for receive and transmit bands. It is very crucial decision to 
be made by antenna designer along with other subsystem designers because additional 
antenna will increase the mass and will occupy accommodation space, limiting the space 
that might have been used for some other payloads. 

 
12. Satellite Antenna coverage (footprints) 
 

For a satellite to provide services to a certain area it is required that targeted area is within 
field-of-view of satellite and earth station antenna can point to satellite with a certain 
elevation. To account for atmospheric effects it is required to use higher values of elevation 
angle. The atmospheric attenuation is frequency dependent and different elevation angle 
values for different frequency bands are required. The typical values are 5° for C band, 10° 
for Ku band and 20° for Ka band. Higher the elevation angle of earth station antenna better 
is the system performance. The requirement of increased elevation angle value reduces the 
coverage area that can be served by the intended satellite. Now a days many softwares like 
Satellite Tool Kit (AGI STK, 2009), SatSoft (SatSoft, 2009) etc. are available to find view 
angles. A comprehensive mathematical detail can be found in (Pratt, Bostian et al. 2003). 
Due to different performance requirements in different coverage polygons, to avoid 
interference with existing satellite operators, international regulations, geographical and 
geopolitical reasons these days the footprints of satellite antennas are highly shaped 
according to requirements rather than just using circular coverage. Inside the coverage of a 
transmit antenna there can be many polygons with different levels of EIRP and XPD. 
Similarly, for a receiving antenna the G/T and XPD values can be different in different 
polygons. High levels of EIRP and G/T are required to meet high data rates and to mitigate 
the rain effects. 
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angles. A comprehensive mathematical detail can be found in (Pratt, Bostian et al. 2003). 
Due to different performance requirements in different coverage polygons, to avoid 
interference with existing satellite operators, international regulations, geographical and 
geopolitical reasons these days the footprints of satellite antennas are highly shaped 
according to requirements rather than just using circular coverage. Inside the coverage of a 
transmit antenna there can be many polygons with different levels of EIRP and XPD. 
Similarly, for a receiving antenna the G/T and XPD values can be different in different 
polygons. High levels of EIRP and G/T are required to meet high data rates and to mitigate 
the rain effects. 
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The plots of constant EIRP or G/T levels are called contours. To generate the shaped 
contours, contoured beam antennas are used. For understanding purposes let us take the 
following example, please bear in mind that this is just an example and practical cases can 
be far complex. The coverage area to be served in Ku band by a satellite (at 56 degree east 
orbital slot) is shown in Figure  2. 
 

 
Fig. 2. Satellite coverage 
 
Coverage consists of four polygons R1 through R4 covering various areas on the earth. It is 
required to maximize the EIRP and G/T levels in polygons R1 through R3. The polygon R4 
is the region where it is required to suppress the EIRP and G/T levels below certain 
value due to various restrictions imposed on the system. The performance requirements can 
be as listed in Table 1. 
 

Region Purpose EIRP 
(dBW) Transmit XPD G/T 

(dB/K) Receive XPD 

R1 Maximize 51 30 5 30 
R2 Maximize 49 30 4 30 
R3 Maximize 47 27 3 27 
R4 Suppress 20 Not applicable –5 Not applicable 

Table 1. Performance requirements 
 
The above example provides an insight of satellite coverage and related performance 
parameters in different polygons. 

 

 

13. Contour Beam Implementation 
 

The design objectives for satellite antennas are to enhance the performance over entire 
designated area and at the same time conform to the frequency re-use and beam roll off 
requirements. The simple analysis characterizing only beam peak area is thus not applicable 
for on board satellite antennas. The shaped beam is tailored so that edge of beam matches 
the shape of desired earth area as seen from the satellite. The gain within beam is enhanced 
where required and roll off is controlled as dictated by the orbital coordination agreements. 
Figure  3 shows the monotonic and shaped (contour) beams gain and roll off characteristics. 
 

 
Fig. 3. Monotonic beam and shaped beam roll off 
 
The shaped footprints can be achieved by the following ways. 

1. Direct Radiating Array: The method is very versatile and is quite flexible. Excitation 
coefficients (power and/or phase) of individual elements of array are controlled to get 
the required coverage. The coverage can be changed by changing the excitation 
coefficients of the array elements on the run time. Due to control of individual 
element’s radiation pattern, the technique is good for achieving spot beam coverage for 
high data rates. In cases where onboard processing capability is available, different 
adaptive coding and modulation schemes can be applied in different spot beams for 
efficient utilization of satellite resources. The excitation coefficients control circuitry is 
very complex and there are high spill-over losses associated with this technique as 
compared to shaped antenna with single feed, so it is not widely used technique in 
commercial satellites. 
2. Multiple Feeds: in this technique, single reflector is illuminated by multiple feed horns 
resulting in shaped footprints. This method employs beam-forming network to control 
excitation coefficients of individual feeds. By controlling the excitation of individual feeds, 
the illumination of reflector surface is controlled which results in shaped footprints. Many 
feeds along with beam forming network increase the overall mass of antenna subsystem, 
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2. Multiple Feeds: in this technique, single reflector is illuminated by multiple feed horns 
resulting in shaped footprints. This method employs beam-forming network to control 
excitation coefficients of individual feeds. By controlling the excitation of individual feeds, 
the illumination of reflector surface is controlled which results in shaped footprints. Many 
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adds complexity to the system and there are high spill-over losses as compared to shaped 
antenna with single feed. Therefore, it is also not a very efficient method. 
3. Surface Profile Shapping: This is the most widely used technique these days for 
commercial communication satellite. Here a single feed is normally used to illuminate 
the reflector surface, which is no more plane surface. It is shaped to meet the desired 
performance and satisfies shaped coverage requirements. This technique define a base 
surface which is typically a paraboloid, ellipsoid, hyperboloid or just plane surface and 
then add an “adjustable” surface to this as shown in Figure  4. The adjustable surface is 
created by mathematical functions; Splines and Zernike etc. 
 

 
Fig. 4. Adding adjustable surface to reflector antenna to get shaped antenna 
 
The solution is simple, much reliable as compared to above techniques and have good flight 
heritage. The drawback of this technique is that the highly shaped beam may correspond to 
large surface gradients that may not be feasible to get manufactured even at increased cost. 
In the coming sections we will discuss more about this technique with the help of 
softwares used in satellite industry. 

 
14. Satellite Antenna Analysis Techniques 
 

Usually a scattering problem consists of a known incident field, scatterer(s) with known 
geometry and electrical surface properties. The goal is to compute the total radiated field. 
Various techniques are available to be used for reflector antenna analysis. The choice of a 
particular technique for a specific application is dependent upon its validity in the angular 
region of interest around scatterer and computational time required. Following techniques 
are widely used for satellite antenna analysis. The details can be found in (Godara, 2001), 
(Samii, 1984), (Philips & et al, 1996), (Ahmad, 2008) and (Ahmad & Mohsin, 2009). 

1. GO: Geometrical Optics 
2. GTD: Geometrical Theory of Diffraction 
3. PO: Physical Optics 
4. PTD: Physical Theory of Diffraction 

 
14.1. Geometrical Optics 
The key features of GO are listed below 

1. GO fields behave locally as plane waves and are discontinuous at shadow 
boundaries. Zero field is predicted in shadow region. 

 

2. It is a good candidate for large reflector antennas as the computation time is almost 
independent of reflector size. 
3. It is less accurate at lower frequencies and accuracy increases with the increase in 
frequency 
4. It exhibits caustic while predicting the field at or near the regions of rays 
convergence. 
5. It is more accurate than PO at far-out sidelobes. 
6. The field prediction by GO is less accurate at edges of the scatterer. To increase the 
accuracy at edges GO is supported by GTD. 

 
14.2. Physical Optics (PO) 
The key features of PO are listed below 

1. PO is wave based technique and overcomes the GO caustics. 
2. The PO technique is only accurate near and within the specular reflection region 
(main beam region and near–in sidelobes) and becomes erroneous farther away from 
this region (far–out sidelobes). 
3. As the PO currents needs to be integrated over the surface to calculate the scattered 
field, the computation time for PO increases with the size of scatterer. 
4. The endpoint contributions along the edges contribute to the PO diffracted fields. 
5. To enhance the accuracy of PO for far–out sidelobes the PTD was introduced. 

 
15. Satellite Antenna Design Tools 
 

Here we introduce some commercially available satellite antenna design softwares to equip 
the antenna designer with state-of-the-art tools. 

1. Softwares provided by TICRA (electromagnetic  radiation) Engineering 
Consultants, Copenhagen, Denmark (TICRA Engineering Consultants ,2009).  
 a. GRASP9 

b. COBRA 
c. POS 
d. CHAMP and etc. 

2. SATSOFT (SatSoft, 2009), HFSS (Ansoft HFSS, 2009) and others. 

 
15.1. GRASP9 (General Reflector Antenna Software Package (version 9)) 
The key features of the GRASP software are listed here, more details can be found at 
(Pontoppidan, 2005). A student version with limited functions is also available from (TICRA 
Engineering Consultants, 2009). 

1. The GRASP9 software is a very versatile tool for electromagnetic analysis of reflector 
antenna, antenna farms and scatterers. 

2. It supports various antenna configurations used for satellite applications and can 
calculate electromagnetic radiation from systems consisting of multiple reflectors 
with several feeds and feed arrays. 

3. Various reflector types are supported e.g. triangular & rectangular plates, 
parallelograms, paraboloids, ellipsoids, hyperboloids, plane, sphere and general 
second-order polynomials, all with general rim shapes. 
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antenna with single feed. Therefore, it is also not a very efficient method. 
3. Surface Profile Shapping: This is the most widely used technique these days for 
commercial communication satellite. Here a single feed is normally used to illuminate 
the reflector surface, which is no more plane surface. It is shaped to meet the desired 
performance and satisfies shaped coverage requirements. This technique define a base 
surface which is typically a paraboloid, ellipsoid, hyperboloid or just plane surface and 
then add an “adjustable” surface to this as shown in Figure  4. The adjustable surface is 
created by mathematical functions; Splines and Zernike etc. 
 

 
Fig. 4. Adding adjustable surface to reflector antenna to get shaped antenna 
 
The solution is simple, much reliable as compared to above techniques and have good flight 
heritage. The drawback of this technique is that the highly shaped beam may correspond to 
large surface gradients that may not be feasible to get manufactured even at increased cost. 
In the coming sections we will discuss more about this technique with the help of 
softwares used in satellite industry. 

 
14. Satellite Antenna Analysis Techniques 
 

Usually a scattering problem consists of a known incident field, scatterer(s) with known 
geometry and electrical surface properties. The goal is to compute the total radiated field. 
Various techniques are available to be used for reflector antenna analysis. The choice of a 
particular technique for a specific application is dependent upon its validity in the angular 
region of interest around scatterer and computational time required. Following techniques 
are widely used for satellite antenna analysis. The details can be found in (Godara, 2001), 
(Samii, 1984), (Philips & et al, 1996), (Ahmad, 2008) and (Ahmad & Mohsin, 2009). 

1. GO: Geometrical Optics 
2. GTD: Geometrical Theory of Diffraction 
3. PO: Physical Optics 
4. PTD: Physical Theory of Diffraction 

 
14.1. Geometrical Optics 
The key features of GO are listed below 

1. GO fields behave locally as plane waves and are discontinuous at shadow 
boundaries. Zero field is predicted in shadow region. 

 

2. It is a good candidate for large reflector antennas as the computation time is almost 
independent of reflector size. 
3. It is less accurate at lower frequencies and accuracy increases with the increase in 
frequency 
4. It exhibits caustic while predicting the field at or near the regions of rays 
convergence. 
5. It is more accurate than PO at far-out sidelobes. 
6. The field prediction by GO is less accurate at edges of the scatterer. To increase the 
accuracy at edges GO is supported by GTD. 

 
14.2. Physical Optics (PO) 
The key features of PO are listed below 

1. PO is wave based technique and overcomes the GO caustics. 
2. The PO technique is only accurate near and within the specular reflection region 
(main beam region and near–in sidelobes) and becomes erroneous farther away from 
this region (far–out sidelobes). 
3. As the PO currents needs to be integrated over the surface to calculate the scattered 
field, the computation time for PO increases with the size of scatterer. 
4. The endpoint contributions along the edges contribute to the PO diffracted fields. 
5. To enhance the accuracy of PO for far–out sidelobes the PTD was introduced. 

 
15. Satellite Antenna Design Tools 
 

Here we introduce some commercially available satellite antenna design softwares to equip 
the antenna designer with state-of-the-art tools. 

1. Softwares provided by TICRA (electromagnetic  radiation) Engineering 
Consultants, Copenhagen, Denmark (TICRA Engineering Consultants ,2009).  
 a. GRASP9 

b. COBRA 
c. POS 
d. CHAMP and etc. 

2. SATSOFT (SatSoft, 2009), HFSS (Ansoft HFSS, 2009) and others. 

 
15.1. GRASP9 (General Reflector Antenna Software Package (version 9)) 
The key features of the GRASP software are listed here, more details can be found at 
(Pontoppidan, 2005). A student version with limited functions is also available from (TICRA 
Engineering Consultants, 2009). 

1. The GRASP9 software is a very versatile tool for electromagnetic analysis of reflector 
antenna, antenna farms and scatterers. 

2. It supports various antenna configurations used for satellite applications and can 
calculate electromagnetic radiation from systems consisting of multiple reflectors 
with several feeds and feed arrays. 

3. Various reflector types are supported e.g. triangular & rectangular plates, 
parallelograms, paraboloids, ellipsoids, hyperboloids, plane, sphere and general 
second-order polynomials, all with general rim shapes. 
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4. It has numerous built in feed models and user can also define feeds through input 
files, either as pattern cuts or spherical wave coefficients. 

5. It helps the user to calculate electromagnetic scattering from circular as well as 
polygonal struts used to support the feed and / or subreflectors. 

6. Analysis methods supported by GRASP are PO, PTD, GO/ GTD, multi-reflector 
GTD. The MOM (method of Moments) is also available and can be used for small 
objects like feed and sub-reflector. 

7. Analysis can be carried out for points in the near field as well as in the far field of 
the antenna, in planar or spherical cuts and two-dimensional grids. 

8. Reflectors need not be perfect conductors and can have electrical properties like 
polarization grids, dielectrics, frequency-selective or lossy materials. 

9. The interaction between various antenna systems used in the satellite can be 
analyzed e.g. communication’s antennas and TT&C antennas. 

10. In the post processor part of the software antenna contours from satellite orbital 
positions can be plotted to see the footprints on the earth. 

 
15.2. COBRA (Contoured Beam Radiating Antenna software) 
COBRA is front-end software for antenna optimizing softwares. A limited evaluation 
version of COBRA can be downloaded from (TICRA Engineering Consultants ,2009). The 
key features are given below 

1. It is used to generate data for satellite coverage. This data represents the specified 
coverage area and antenna performance parameters required for each coverage area. 
2. For a defined antenna geometry, it generates required files used by optimizing 
softwares (for example to be used as input to POS) to generate contoured beam for 
defined coverage. 
3. COBRA serves as front-end software for optimization for following types of 
contoured beam antennas: 

a. Single reflector (paraboloid) antenna illuminated by an array of horns  
b. Direct-radiating array of feeds 
c. Single or dual reflector antenna illuminated by a single feed. 

In case of (a) and (b) the contoured beam is generated by adjusting the excitation 
coefficients (powers and phases) of the feeds. In case of (c) the surface profile of the 
reflector(s) is adjusted to achieve the optimal contoured beam. In this chapter case (c) will 
be discussed only and reader can reffer to (Rolf, 2000) for details of other cases. 
 
15.3. POS (Physical Optics-based Shaped Reflector and Phased Array Design Tool) 
The key features of POS satellite antenna design software are listed below with more details 
at (Viskum, 2006) & (Stig, 2006). 

1. POS is state-of-the-art industry standard, object-oriented design software for reflector 
shaping and phased arrays. Currently almost all the satellite industry uses POS for 
contoured-beam antenna design. 
2. User need to specify satellite antenna coverage(s), performance requirements 
(antenna gain(s) minimum levels in coverage and maximum levels in suppression 
regions, XPD, polarization parameters etc.) and initial antenna configuration. 
3. POS uses highly advanced and tailored min-max optimization algorithm to adjust 
the design variables. 

 

4. Spline or Zernike mode expansions can be applied to reflector adjustable surface to 
adjust the expansion coefficient variables during optimization process. 
5. Array coefficients can be optimized in amplitude and phase, and the position of 
any feed or reflector involved in a design can also be included in the optimization. 
6. Additional constraints can be imposed on the variables, e.g. to limit the curvature 
of a reflector surface. This might be necessary because optimization may result into 
surfaces which might not be feasible for manufacturing. 
7. All field calculations involving one or more reflectors are based on Physical Optics 
to reduce the computation time. 
8. To reduce the computational cost POS implements an active set strategy which 
limits the calculations to the most crucial residuals thus speeding up significantly the 
design of large shaped reflectors. 
9. POS comes with the same graphics interface as that of GRASP, and the common object 
description enables a seamless interchange of design files between POS and GRASP. 
10. Similar post processor as that of GRASP. 

 
15.4. CHAMP (Corrugated Horn Analysis by Modal Processing) 
CHAMP is software for feed horn design and analysis. Main features of CHAMP are listed 
below details can be found at (TICRA Engineering Consultants ,2009). 

1. CHAMP software package is used for accurate analysis of corrugated and smooth- 
walled horns with circular cross section to be used for satellite applications. 
2. CHAMP analysis is based on a full-wave modal expansion of the field in each 
elementary module into cylindrical waveguide modes. 
3. Mode matching at interfaces between the different elementary modules is performed. 
4. Evanescent modes are carefully considered. 
5. The overall generalized scattering matrix for the horn inner structure (throat to 
aperture) is obtained by cascading the scattering matrices of all modules. 
6. The feed can be decomposed into elementary modules that facilitate easy 
modification and reusability. 

 
15.5. SATSOFT (Satellite Antenna Design and Systems Engineering Software for 
Windows) 
SATSOFT is software by Satellite software incorporated for quick realization of satellite 
antenna parameters. The key features are listed below and details can be found at (Satellite 
Software Incorporated, 2004) & (SatSoft, 2009). A limited evaluation version can be 
downloaded from (SatSoft, 2009). 

1. SATSOFT is used for communication satellite antenna design, analysis, and 
coverage planning. 
2. User can quickly assess antenna coverage and gain, conduct antenna trade studies, 
develop shaped beam and multibeam antenna designs, and perform other satellite 
payload engineering tasks. 
3. SATSOFT Professional adds multiple composite beam shaping (SATSOFT Standard 
can shape only a single beam), pointing error expansion and reduction of polygons, 
plotting of pointing error loci at polygon vertices, and conversion of polygon viewpoint 
to multiple spacecraft locations. 

Modern Communication Satellite Antenna Technology 315 

4. It has numerous built in feed models and user can also define feeds through input 
files, either as pattern cuts or spherical wave coefficients. 

5. It helps the user to calculate electromagnetic scattering from circular as well as 
polygonal struts used to support the feed and / or subreflectors. 

6. Analysis methods supported by GRASP are PO, PTD, GO/ GTD, multi-reflector 
GTD. The MOM (method of Moments) is also available and can be used for small 
objects like feed and sub-reflector. 

7. Analysis can be carried out for points in the near field as well as in the far field of 
the antenna, in planar or spherical cuts and two-dimensional grids. 

8. Reflectors need not be perfect conductors and can have electrical properties like 
polarization grids, dielectrics, frequency-selective or lossy materials. 

9. The interaction between various antenna systems used in the satellite can be 
analyzed e.g. communication’s antennas and TT&C antennas. 

10. In the post processor part of the software antenna contours from satellite orbital 
positions can be plotted to see the footprints on the earth. 

 
15.2. COBRA (Contoured Beam Radiating Antenna software) 
COBRA is front-end software for antenna optimizing softwares. A limited evaluation 
version of COBRA can be downloaded from (TICRA Engineering Consultants ,2009). The 
key features are given below 

1. It is used to generate data for satellite coverage. This data represents the specified 
coverage area and antenna performance parameters required for each coverage area. 
2. For a defined antenna geometry, it generates required files used by optimizing 
softwares (for example to be used as input to POS) to generate contoured beam for 
defined coverage. 
3. COBRA serves as front-end software for optimization for following types of 
contoured beam antennas: 

a. Single reflector (paraboloid) antenna illuminated by an array of horns  
b. Direct-radiating array of feeds 
c. Single or dual reflector antenna illuminated by a single feed. 

In case of (a) and (b) the contoured beam is generated by adjusting the excitation 
coefficients (powers and phases) of the feeds. In case of (c) the surface profile of the 
reflector(s) is adjusted to achieve the optimal contoured beam. In this chapter case (c) will 
be discussed only and reader can reffer to (Rolf, 2000) for details of other cases. 
 
15.3. POS (Physical Optics-based Shaped Reflector and Phased Array Design Tool) 
The key features of POS satellite antenna design software are listed below with more details 
at (Viskum, 2006) & (Stig, 2006). 

1. POS is state-of-the-art industry standard, object-oriented design software for reflector 
shaping and phased arrays. Currently almost all the satellite industry uses POS for 
contoured-beam antenna design. 
2. User need to specify satellite antenna coverage(s), performance requirements 
(antenna gain(s) minimum levels in coverage and maximum levels in suppression 
regions, XPD, polarization parameters etc.) and initial antenna configuration. 
3. POS uses highly advanced and tailored min-max optimization algorithm to adjust 
the design variables. 

 

4. Spline or Zernike mode expansions can be applied to reflector adjustable surface to 
adjust the expansion coefficient variables during optimization process. 
5. Array coefficients can be optimized in amplitude and phase, and the position of 
any feed or reflector involved in a design can also be included in the optimization. 
6. Additional constraints can be imposed on the variables, e.g. to limit the curvature 
of a reflector surface. This might be necessary because optimization may result into 
surfaces which might not be feasible for manufacturing. 
7. All field calculations involving one or more reflectors are based on Physical Optics 
to reduce the computation time. 
8. To reduce the computational cost POS implements an active set strategy which 
limits the calculations to the most crucial residuals thus speeding up significantly the 
design of large shaped reflectors. 
9. POS comes with the same graphics interface as that of GRASP, and the common object 
description enables a seamless interchange of design files between POS and GRASP. 
10. Similar post processor as that of GRASP. 

 
15.4. CHAMP (Corrugated Horn Analysis by Modal Processing) 
CHAMP is software for feed horn design and analysis. Main features of CHAMP are listed 
below details can be found at (TICRA Engineering Consultants ,2009). 

1. CHAMP software package is used for accurate analysis of corrugated and smooth- 
walled horns with circular cross section to be used for satellite applications. 
2. CHAMP analysis is based on a full-wave modal expansion of the field in each 
elementary module into cylindrical waveguide modes. 
3. Mode matching at interfaces between the different elementary modules is performed. 
4. Evanescent modes are carefully considered. 
5. The overall generalized scattering matrix for the horn inner structure (throat to 
aperture) is obtained by cascading the scattering matrices of all modules. 
6. The feed can be decomposed into elementary modules that facilitate easy 
modification and reusability. 

 
15.5. SATSOFT (Satellite Antenna Design and Systems Engineering Software for 
Windows) 
SATSOFT is software by Satellite software incorporated for quick realization of satellite 
antenna parameters. The key features are listed below and details can be found at (Satellite 
Software Incorporated, 2004) & (SatSoft, 2009). A limited evaluation version can be 
downloaded from (SatSoft, 2009). 

1. SATSOFT is used for communication satellite antenna design, analysis, and 
coverage planning. 
2. User can quickly assess antenna coverage and gain, conduct antenna trade studies, 
develop shaped beam and multibeam antenna designs, and perform other satellite 
payload engineering tasks. 
3. SATSOFT Professional adds multiple composite beam shaping (SATSOFT Standard 
can shape only a single beam), pointing error expansion and reduction of polygons, 
plotting of pointing error loci at polygon vertices, and conversion of polygon viewpoint 
to multiple spacecraft locations. 
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4. It has numerous built in feed models and user can also define feeds through input 
files, either as pattern cuts or spherical wave coefficients. 

5. It helps the user to calculate electromagnetic scattering from circular as well as 
polygonal struts used to support the feed and / or subreflectors. 

6. Analysis methods supported by GRASP are PO, PTD, GO/ GTD, multi-reflector 
GTD. The MOM (method of Moments) is also available and can be used for small 
objects like feed and sub-reflector. 

7. Analysis can be carried out for points in the near field as well as in the far field of 
the antenna, in planar or spherical cuts and two-dimensional grids. 

8. Reflectors need not be perfect conductors and can have electrical properties like 
polarization grids, dielectrics, frequency-selective or lossy materials. 

9. The interaction between various antenna systems used in the satellite can be 
analyzed e.g. communication’s antennas and TT&C antennas. 

10. In the post processor part of the software antenna contours from satellite orbital 
positions can be plotted to see the footprints on the earth. 

 
15.2. COBRA (Contoured Beam Radiating Antenna software) 
COBRA is front-end software for antenna optimizing softwares. A limited evaluation 
version of COBRA can be downloaded from (TICRA Engineering Consultants ,2009). The 
key features are given below 

1. It is used to generate data for satellite coverage. This data represents the specified 
coverage area and antenna performance parameters required for each coverage area. 
2. For a defined antenna geometry, it generates required files used by optimizing 
softwares (for example to be used as input to POS) to generate contoured beam for 
defined coverage. 
3. COBRA serves as front-end software for optimization for following types of 
contoured beam antennas: 

a. Single reflector (paraboloid) antenna illuminated by an array of horns  
b. Direct-radiating array of feeds 
c. Single or dual reflector antenna illuminated by a single feed. 

In case of (a) and (b) the contoured beam is generated by adjusting the excitation 
coefficients (powers and phases) of the feeds. In case of (c) the surface profile of the 
reflector(s) is adjusted to achieve the optimal contoured beam. In this chapter case (c) will 
be discussed only and reader can reffer to (Rolf, 2000) for details of other cases. 
 
15.3. POS (Physical Optics-based Shaped Reflector and Phased Array Design Tool) 
The key features of POS satellite antenna design software are listed below with more details 
at (Viskum, 2006) & (Stig, 2006). 

1. POS is state-of-the-art industry standard, object-oriented design software for reflector 
shaping and phased arrays. Currently almost all the satellite industry uses POS for 
contoured-beam antenna design. 
2. User need to specify satellite antenna coverage(s), performance requirements 
(antenna gain(s) minimum levels in coverage and maximum levels in suppression 
regions, XPD, polarization parameters etc.) and initial antenna configuration. 
3. POS uses highly advanced and tailored min-max optimization algorithm to adjust 
the design variables. 

 

4. Spline or Zernike mode expansions can be applied to reflector adjustable surface to 
adjust the expansion coefficient variables during optimization process. 
5. Array coefficients can be optimized in amplitude and phase, and the position of 
any feed or reflector involved in a design can also be included in the optimization. 
6. Additional constraints can be imposed on the variables, e.g. to limit the curvature 
of a reflector surface. This might be necessary because optimization may result into 
surfaces which might not be feasible for manufacturing. 
7. All field calculations involving one or more reflectors are based on Physical Optics 
to reduce the computation time. 
8. To reduce the computational cost POS implements an active set strategy which 
limits the calculations to the most crucial residuals thus speeding up significantly the 
design of large shaped reflectors. 
9. POS comes with the same graphics interface as that of GRASP, and the common object 
description enables a seamless interchange of design files between POS and GRASP. 
10. Similar post processor as that of GRASP. 

 
15.4. CHAMP (Corrugated Horn Analysis by Modal Processing) 
CHAMP is software for feed horn design and analysis. Main features of CHAMP are listed 
below details can be found at (TICRA Engineering Consultants ,2009). 

1. CHAMP software package is used for accurate analysis of corrugated and smooth- 
walled horns with circular cross section to be used for satellite applications. 
2. CHAMP analysis is based on a full-wave modal expansion of the field in each 
elementary module into cylindrical waveguide modes. 
3. Mode matching at interfaces between the different elementary modules is performed. 
4. Evanescent modes are carefully considered. 
5. The overall generalized scattering matrix for the horn inner structure (throat to 
aperture) is obtained by cascading the scattering matrices of all modules. 
6. The feed can be decomposed into elementary modules that facilitate easy 
modification and reusability. 

 
15.5. SATSOFT (Satellite Antenna Design and Systems Engineering Software for 
Windows) 
SATSOFT is software by Satellite software incorporated for quick realization of satellite 
antenna parameters. The key features are listed below and details can be found at (Satellite 
Software Incorporated, 2004) & (SatSoft, 2009). A limited evaluation version can be 
downloaded from (SatSoft, 2009). 

1. SATSOFT is used for communication satellite antenna design, analysis, and 
coverage planning. 
2. User can quickly assess antenna coverage and gain, conduct antenna trade studies, 
develop shaped beam and multibeam antenna designs, and perform other satellite 
payload engineering tasks. 
3. SATSOFT Professional adds multiple composite beam shaping (SATSOFT Standard 
can shape only a single beam), pointing error expansion and reduction of polygons, 
plotting of pointing error loci at polygon vertices, and conversion of polygon viewpoint 
to multiple spacecraft locations. 
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4. It has numerous built in feed models and user can also define feeds through input 
files, either as pattern cuts or spherical wave coefficients. 

5. It helps the user to calculate electromagnetic scattering from circular as well as 
polygonal struts used to support the feed and / or subreflectors. 

6. Analysis methods supported by GRASP are PO, PTD, GO/ GTD, multi-reflector 
GTD. The MOM (method of Moments) is also available and can be used for small 
objects like feed and sub-reflector. 

7. Analysis can be carried out for points in the near field as well as in the far field of 
the antenna, in planar or spherical cuts and two-dimensional grids. 

8. Reflectors need not be perfect conductors and can have electrical properties like 
polarization grids, dielectrics, frequency-selective or lossy materials. 

9. The interaction between various antenna systems used in the satellite can be 
analyzed e.g. communication’s antennas and TT&C antennas. 

10. In the post processor part of the software antenna contours from satellite orbital 
positions can be plotted to see the footprints on the earth. 

 
15.2. COBRA (Contoured Beam Radiating Antenna software) 
COBRA is front-end software for antenna optimizing softwares. A limited evaluation 
version of COBRA can be downloaded from (TICRA Engineering Consultants ,2009). The 
key features are given below 

1. It is used to generate data for satellite coverage. This data represents the specified 
coverage area and antenna performance parameters required for each coverage area. 
2. For a defined antenna geometry, it generates required files used by optimizing 
softwares (for example to be used as input to POS) to generate contoured beam for 
defined coverage. 
3. COBRA serves as front-end software for optimization for following types of 
contoured beam antennas: 

a. Single reflector (paraboloid) antenna illuminated by an array of horns  
b. Direct-radiating array of feeds 
c. Single or dual reflector antenna illuminated by a single feed. 

In case of (a) and (b) the contoured beam is generated by adjusting the excitation 
coefficients (powers and phases) of the feeds. In case of (c) the surface profile of the 
reflector(s) is adjusted to achieve the optimal contoured beam. In this chapter case (c) will 
be discussed only and reader can reffer to (Rolf, 2000) for details of other cases. 
 
15.3. POS (Physical Optics-based Shaped Reflector and Phased Array Design Tool) 
The key features of POS satellite antenna design software are listed below with more details 
at (Viskum, 2006) & (Stig, 2006). 

1. POS is state-of-the-art industry standard, object-oriented design software for reflector 
shaping and phased arrays. Currently almost all the satellite industry uses POS for 
contoured-beam antenna design. 
2. User need to specify satellite antenna coverage(s), performance requirements 
(antenna gain(s) minimum levels in coverage and maximum levels in suppression 
regions, XPD, polarization parameters etc.) and initial antenna configuration. 
3. POS uses highly advanced and tailored min-max optimization algorithm to adjust 
the design variables. 

 

4. Spline or Zernike mode expansions can be applied to reflector adjustable surface to 
adjust the expansion coefficient variables during optimization process. 
5. Array coefficients can be optimized in amplitude and phase, and the position of 
any feed or reflector involved in a design can also be included in the optimization. 
6. Additional constraints can be imposed on the variables, e.g. to limit the curvature 
of a reflector surface. This might be necessary because optimization may result into 
surfaces which might not be feasible for manufacturing. 
7. All field calculations involving one or more reflectors are based on Physical Optics 
to reduce the computation time. 
8. To reduce the computational cost POS implements an active set strategy which 
limits the calculations to the most crucial residuals thus speeding up significantly the 
design of large shaped reflectors. 
9. POS comes with the same graphics interface as that of GRASP, and the common object 
description enables a seamless interchange of design files between POS and GRASP. 
10. Similar post processor as that of GRASP. 

 
15.4. CHAMP (Corrugated Horn Analysis by Modal Processing) 
CHAMP is software for feed horn design and analysis. Main features of CHAMP are listed 
below details can be found at (TICRA Engineering Consultants ,2009). 

1. CHAMP software package is used for accurate analysis of corrugated and smooth- 
walled horns with circular cross section to be used for satellite applications. 
2. CHAMP analysis is based on a full-wave modal expansion of the field in each 
elementary module into cylindrical waveguide modes. 
3. Mode matching at interfaces between the different elementary modules is performed. 
4. Evanescent modes are carefully considered. 
5. The overall generalized scattering matrix for the horn inner structure (throat to 
aperture) is obtained by cascading the scattering matrices of all modules. 
6. The feed can be decomposed into elementary modules that facilitate easy 
modification and reusability. 

 
15.5. SATSOFT (Satellite Antenna Design and Systems Engineering Software for 
Windows) 
SATSOFT is software by Satellite software incorporated for quick realization of satellite 
antenna parameters. The key features are listed below and details can be found at (Satellite 
Software Incorporated, 2004) & (SatSoft, 2009). A limited evaluation version can be 
downloaded from (SatSoft, 2009). 

1. SATSOFT is used for communication satellite antenna design, analysis, and 
coverage planning. 
2. User can quickly assess antenna coverage and gain, conduct antenna trade studies, 
develop shaped beam and multibeam antenna designs, and perform other satellite 
payload engineering tasks. 
3. SATSOFT Professional adds multiple composite beam shaping (SATSOFT Standard 
can shape only a single beam), pointing error expansion and reduction of polygons, 
plotting of pointing error loci at polygon vertices, and conversion of polygon viewpoint 
to multiple spacecraft locations. 
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4. SATSOFT/PRO also provides for maximum and minimum parameter variation 
due to pointing error, axial ratio, and C/I in performance tables. 
5. Various coordinates display options, earth map, city tables and performance tables 
are available for the user to make the design process easy. 
6. SatSoft supports following key models 

a. Analytic Reflector Model for an offset-paraboloidal reflector fed by an array 
of small, fundamental mode circular or rectangular horns. 
b. Dual-Mode Optimizer for dual-mode feed network optimization for non- 
contiguous output multiplexer. 
c. Analytic Phased Array Model to handle phased arrays 
d. Physical Optics Model for reflector antenna modeling 

 
15.6. HFSS (High Frequency Structure Simulator) 
HFSS is software from Ansoft Incorp. for electromagnetic analysis of passive 3D structures. 
The software is very versatile and here we will be limited to its use within our scope of 
antenna design. Further details can be found at (Ansoft HFSS, 2009). 

1. HFSS utilizes a 3D full-wave Finite Element Method (FEM) to compute the electrical 
behavior of high-frequency and high-speed components. 
2. HFSS user can extract parasitic parameters (S, Y, Z), visualize 3D electromagnetic 
fields (near- and far-field), and generate Full-Wave SPICE™ models to effectively 
evaluate signal quality, including transmission path losses, reflection loss due to 
impedance mismatches, parasitic coupling, and radiation. 
3. HFSS is able to simulate very complex geometric models, including models imported 
from 3D CAD environments. 
4. HFSS can be applied to design 

a. Linear wire, slot, horn, patch antennas. 
b. Phased array antenna including array-to-radome interaction. 
c. Antenna feed and feed network structures. 

Numerous softwares for antenna design are commercially available in the industry and 
some of the satellite manufacturers use their custom build softwares. Here due to limited 
space we have introduced most widely used softwares to just give an idea to satellite 
antenna designer to get started. Authors recommend antenna designer to get hands on 
training from authorized trainers whenever buying a particular software. Training is highly 
necessary to use the software accurately and efficiently. 

 
16. Reflector Antenna Configurations 
 

Following configurations are available for reflector antennas 
1. Single reflector antenna system  

a. Center fed antenna 
b. Offset fed antenna 

2. Dual reflector antenna 
a. Gregorian antenna  
b. Cassegrain antenna 

3. Dual gridded antenna 
Due to over all thickness of center fed reflector antenna, normally is cannot be used as 

 

deployable sidewall antenna of satellite. Its use is only restricted to earth deck. It can save 
mass but its power handling capability is restricted and directivity loss is high due to feed 
blockage. Single offset reflector antenna can solve the accommodation constraints; have 
lower mass and no feed blockage. It is a standard concept and is used in the satellites. Due 
to high XPD requirements, normally reflector antennas with long focal length are required. 
This might put accommodation constraint on single offset reflector antenna. In such cases, 
our choice is to use dual reflector antenna systems. 
Cassegrain dual reflector antenna system is not a standard practice used in satellite due to 
its restricted XPD capabilities and accommodation space requirements. Gregorian dual 
reflector antenna configuration is good candidate for achieving high XPD values. 
When very high XPD values are required, we can use dual gridded antenna configuration. 
In this configuration, we can rotate the reflectors to move the cross polarization component 
out of our coverage region or even away from the earth. Dual gridded configuration is also 
useful when two beams with orthogonal polarization are required and there is no 
accommodation space available for two different antennas. 

 
17. Feeds and Feeding Mechanism 
 

Here we will discuss very briefly about the reflector antenna feeds, feeding mechanism 
(technique) and commonly used hardware for this purpose. Wide variety of feeds is 
available to be used. In reflector software simulations, we can use Gaussian beam model for 
initial assessment of radiation pattern. The circular symmetric corrugated feeds represents 
Gaussian beam model closely. Feeds are simulated using CHAMP, HFSS or some other 
electromagnetic simulation software. Reflector edge taper, polarization(s), XPD, VSWR 
(voltage standing wave ratio), PIM levels, multipaction effects (ESA, 2003) are considered 
when designing feed for a particular reflector system. 
The feeding mechanism or feed network for a reflector antenna system can be considered as 
all the hardware used in between transponder input/output and feed itself. The feeding 
mechanism can include OMT (ortho-mode transducer), diplexer, hybrids (for 
combining/splitting polarization signals), polarization switch, and waveguides etc. We try 
to minimize the losses associated with feed network to enhance the communication 
performance. In receive chain low loss is required to achieve high G/T values while in 
transmit chain we require low loss to meet high EIRP vales. In the transmit chain another 
consideration is the design for low PIM as there exists high power handling units in this 
chain. 

 
18. Antenna Surface Shaping for Optimum Contours 
 

A typical antenna optimization process is shown in Figure  5. The optimization starts 
with defined performance specifications required for a particular service in a particular 
coverage area. These performance specifications decide design goals; which act as an input 
to the optimizing software along with the antenna geometry and feed model. The reflector 
surface is deformed by the software using distortion functions like Bi–cubic splines or 
Zernike modes. Using software it is now easy to compute surface variations applied to 
theoretical parabola to achieve the desired coverage. The computer controlled 
manufacturing technology makes it possible to precisely manufacture shaped reflector 
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4. SATSOFT/PRO also provides for maximum and minimum parameter variation 
due to pointing error, axial ratio, and C/I in performance tables. 
5. Various coordinates display options, earth map, city tables and performance tables 
are available for the user to make the design process easy. 
6. SatSoft supports following key models 

a. Analytic Reflector Model for an offset-paraboloidal reflector fed by an array 
of small, fundamental mode circular or rectangular horns. 
b. Dual-Mode Optimizer for dual-mode feed network optimization for non- 
contiguous output multiplexer. 
c. Analytic Phased Array Model to handle phased arrays 
d. Physical Optics Model for reflector antenna modeling 

 
15.6. HFSS (High Frequency Structure Simulator) 
HFSS is software from Ansoft Incorp. for electromagnetic analysis of passive 3D structures. 
The software is very versatile and here we will be limited to its use within our scope of 
antenna design. Further details can be found at (Ansoft HFSS, 2009). 

1. HFSS utilizes a 3D full-wave Finite Element Method (FEM) to compute the electrical 
behavior of high-frequency and high-speed components. 
2. HFSS user can extract parasitic parameters (S, Y, Z), visualize 3D electromagnetic 
fields (near- and far-field), and generate Full-Wave SPICE™ models to effectively 
evaluate signal quality, including transmission path losses, reflection loss due to 
impedance mismatches, parasitic coupling, and radiation. 
3. HFSS is able to simulate very complex geometric models, including models imported 
from 3D CAD environments. 
4. HFSS can be applied to design 

a. Linear wire, slot, horn, patch antennas. 
b. Phased array antenna including array-to-radome interaction. 
c. Antenna feed and feed network structures. 

Numerous softwares for antenna design are commercially available in the industry and 
some of the satellite manufacturers use their custom build softwares. Here due to limited 
space we have introduced most widely used softwares to just give an idea to satellite 
antenna designer to get started. Authors recommend antenna designer to get hands on 
training from authorized trainers whenever buying a particular software. Training is highly 
necessary to use the software accurately and efficiently. 

 
16. Reflector Antenna Configurations 
 

Following configurations are available for reflector antennas 
1. Single reflector antenna system  

a. Center fed antenna 
b. Offset fed antenna 

2. Dual reflector antenna 
a. Gregorian antenna  
b. Cassegrain antenna 

3. Dual gridded antenna 
Due to over all thickness of center fed reflector antenna, normally is cannot be used as 

 

deployable sidewall antenna of satellite. Its use is only restricted to earth deck. It can save 
mass but its power handling capability is restricted and directivity loss is high due to feed 
blockage. Single offset reflector antenna can solve the accommodation constraints; have 
lower mass and no feed blockage. It is a standard concept and is used in the satellites. Due 
to high XPD requirements, normally reflector antennas with long focal length are required. 
This might put accommodation constraint on single offset reflector antenna. In such cases, 
our choice is to use dual reflector antenna systems. 
Cassegrain dual reflector antenna system is not a standard practice used in satellite due to 
its restricted XPD capabilities and accommodation space requirements. Gregorian dual 
reflector antenna configuration is good candidate for achieving high XPD values. 
When very high XPD values are required, we can use dual gridded antenna configuration. 
In this configuration, we can rotate the reflectors to move the cross polarization component 
out of our coverage region or even away from the earth. Dual gridded configuration is also 
useful when two beams with orthogonal polarization are required and there is no 
accommodation space available for two different antennas. 
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4. SATSOFT/PRO also provides for maximum and minimum parameter variation 
due to pointing error, axial ratio, and C/I in performance tables. 
5. Various coordinates display options, earth map, city tables and performance tables 
are available for the user to make the design process easy. 
6. SatSoft supports following key models 

a. Analytic Reflector Model for an offset-paraboloidal reflector fed by an array 
of small, fundamental mode circular or rectangular horns. 
b. Dual-Mode Optimizer for dual-mode feed network optimization for non- 
contiguous output multiplexer. 
c. Analytic Phased Array Model to handle phased arrays 
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evaluate signal quality, including transmission path losses, reflection loss due to 
impedance mismatches, parasitic coupling, and radiation. 
3. HFSS is able to simulate very complex geometric models, including models imported 
from 3D CAD environments. 
4. HFSS can be applied to design 

a. Linear wire, slot, horn, patch antennas. 
b. Phased array antenna including array-to-radome interaction. 
c. Antenna feed and feed network structures. 

Numerous softwares for antenna design are commercially available in the industry and 
some of the satellite manufacturers use their custom build softwares. Here due to limited 
space we have introduced most widely used softwares to just give an idea to satellite 
antenna designer to get started. Authors recommend antenna designer to get hands on 
training from authorized trainers whenever buying a particular software. Training is highly 
necessary to use the software accurately and efficiently. 
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Due to over all thickness of center fed reflector antenna, normally is cannot be used as 

 

deployable sidewall antenna of satellite. Its use is only restricted to earth deck. It can save 
mass but its power handling capability is restricted and directivity loss is high due to feed 
blockage. Single offset reflector antenna can solve the accommodation constraints; have 
lower mass and no feed blockage. It is a standard concept and is used in the satellites. Due 
to high XPD requirements, normally reflector antennas with long focal length are required. 
This might put accommodation constraint on single offset reflector antenna. In such cases, 
our choice is to use dual reflector antenna systems. 
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its restricted XPD capabilities and accommodation space requirements. Gregorian dual 
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When very high XPD values are required, we can use dual gridded antenna configuration. 
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out of our coverage region or even away from the earth. Dual gridded configuration is also 
useful when two beams with orthogonal polarization are required and there is no 
accommodation space available for two different antennas. 
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Here we will discuss very briefly about the reflector antenna feeds, feeding mechanism 
(technique) and commonly used hardware for this purpose. Wide variety of feeds is 
available to be used. In reflector software simulations, we can use Gaussian beam model for 
initial assessment of radiation pattern. The circular symmetric corrugated feeds represents 
Gaussian beam model closely. Feeds are simulated using CHAMP, HFSS or some other 
electromagnetic simulation software. Reflector edge taper, polarization(s), XPD, VSWR 
(voltage standing wave ratio), PIM levels, multipaction effects (ESA, 2003) are considered 
when designing feed for a particular reflector system. 
The feeding mechanism or feed network for a reflector antenna system can be considered as 
all the hardware used in between transponder input/output and feed itself. The feeding 
mechanism can include OMT (ortho-mode transducer), diplexer, hybrids (for 
combining/splitting polarization signals), polarization switch, and waveguides etc. We try 
to minimize the losses associated with feed network to enhance the communication 
performance. In receive chain low loss is required to achieve high G/T values while in 
transmit chain we require low loss to meet high EIRP vales. In the transmit chain another 
consideration is the design for low PIM as there exists high power handling units in this 
chain. 
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A typical antenna optimization process is shown in Figure  5. The optimization starts 
with defined performance specifications required for a particular service in a particular 
coverage area. These performance specifications decide design goals; which act as an input 
to the optimizing software along with the antenna geometry and feed model. The reflector 
surface is deformed by the software using distortion functions like Bi–cubic splines or 
Zernike modes. Using software it is now easy to compute surface variations applied to 
theoretical parabola to achieve the desired coverage. The computer controlled 
manufacturing technology makes it possible to precisely manufacture shaped reflector 

Modern Communication Satellite Antenna Technology 317 

4. SATSOFT/PRO also provides for maximum and minimum parameter variation 
due to pointing error, axial ratio, and C/I in performance tables. 
5. Various coordinates display options, earth map, city tables and performance tables 
are available for the user to make the design process easy. 
6. SatSoft supports following key models 
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fields (near- and far-field), and generate Full-Wave SPICE™ models to effectively 
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impedance mismatches, parasitic coupling, and radiation. 
3. HFSS is able to simulate very complex geometric models, including models imported 
from 3D CAD environments. 
4. HFSS can be applied to design 
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b. Phased array antenna including array-to-radome interaction. 
c. Antenna feed and feed network structures. 
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deployable sidewall antenna of satellite. Its use is only restricted to earth deck. It can save 
mass but its power handling capability is restricted and directivity loss is high due to feed 
blockage. Single offset reflector antenna can solve the accommodation constraints; have 
lower mass and no feed blockage. It is a standard concept and is used in the satellites. Due 
to high XPD requirements, normally reflector antennas with long focal length are required. 
This might put accommodation constraint on single offset reflector antenna. In such cases, 
our choice is to use dual reflector antenna systems. 
Cassegrain dual reflector antenna system is not a standard practice used in satellite due to 
its restricted XPD capabilities and accommodation space requirements. Gregorian dual 
reflector antenna configuration is good candidate for achieving high XPD values. 
When very high XPD values are required, we can use dual gridded antenna configuration. 
In this configuration, we can rotate the reflectors to move the cross polarization component 
out of our coverage region or even away from the earth. Dual gridded configuration is also 
useful when two beams with orthogonal polarization are required and there is no 
accommodation space available for two different antennas. 
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Here we will discuss very briefly about the reflector antenna feeds, feeding mechanism 
(technique) and commonly used hardware for this purpose. Wide variety of feeds is 
available to be used. In reflector software simulations, we can use Gaussian beam model for 
initial assessment of radiation pattern. The circular symmetric corrugated feeds represents 
Gaussian beam model closely. Feeds are simulated using CHAMP, HFSS or some other 
electromagnetic simulation software. Reflector edge taper, polarization(s), XPD, VSWR 
(voltage standing wave ratio), PIM levels, multipaction effects (ESA, 2003) are considered 
when designing feed for a particular reflector system. 
The feeding mechanism or feed network for a reflector antenna system can be considered as 
all the hardware used in between transponder input/output and feed itself. The feeding 
mechanism can include OMT (ortho-mode transducer), diplexer, hybrids (for 
combining/splitting polarization signals), polarization switch, and waveguides etc. We try 
to minimize the losses associated with feed network to enhance the communication 
performance. In receive chain low loss is required to achieve high G/T values while in 
transmit chain we require low loss to meet high EIRP vales. In the transmit chain another 
consideration is the design for low PIM as there exists high power handling units in this 
chain. 

 
18. Antenna Surface Shaping for Optimum Contours 
 

A typical antenna optimization process is shown in Figure  5. The optimization starts 
with defined performance specifications required for a particular service in a particular 
coverage area. These performance specifications decide design goals; which act as an input 
to the optimizing software along with the antenna geometry and feed model. The reflector 
surface is deformed by the software using distortion functions like Bi–cubic splines or 
Zernike modes. Using software it is now easy to compute surface variations applied to 
theoretical parabola to achieve the desired coverage. The computer controlled 
manufacturing technology makes it possible to precisely manufacture shaped reflector 
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surface profile. The resulting contours due to antenna deformation are plotted and checked 
to satisfy the goals. In case design goals are not satisfied, they are updated and optimization 
is started again. Once the goals are met, the Performance contours are plotted and 
discussed with customer for his acceptance. If the customer is satisfied then the antenna 
optimization is completed. In case the customer is not satisfied or wants changes in 
performance specifications then the whole process need to be repeated until the customer is 
satisfied. 
 

 
Fig. 5. Typical antenna optimization procedure 

 
18.1. Activities Performed in COBRA 
The main activities to be performed in COBRA are listed below 

1. Orbital location of satellite 
2. Coverage polygons 
3. Antenna pointing to coverage and antenna pointing error 
4. Generation of station file (sta file) 
5. Contoured beam generation technique (direct radiating array, multiple feeds with 
single reflector, or shaped surface reflector (single or dual reflector system)) and 
initial defocusing ellipse generation. 
6. POS project settings (number of iterations, splines; surface; grid files, feed and 
reflector coordinates etc.) 

Here we select an example of Ku band, 1m offset dual reflector antenna on a geostationary 
satellite in 38 degree East orbital slot. The coverage plygons are drawn according to the 

 

 

 

requirements and antenna is pointed towards the coverage area as shown in Figure 6(a). 
The antenna pointing accuracy is entered accordingly as shown in Figure  6(b). The 
important of all steps is to generate the station file contating the coverage data and 
performance parameters for each station in the coverage. The station sampling density in 
coverage area depends upon the antenna aperture diameter measured in wavelengths. Due 
to the approximate Fourier transform relationship between the field from a finite aperture 
and the radiated far field, a rule of thumb based on the Nyquist criteria (Rolf, 2000) states 
that the coverage must be sampled at intervals ∆ along u and v coordinates, 
 

∆u and ∆v ≤ 0.5 D / λ 
 
where D is reflector diameter and λ is the operating wavelength. A conservative practice is to 
use a sampling distance of half of this value.  
The format of station file (sta file) is given below (Stig, 2006). 
 

U V GOAL WEIGHT IPOL ROT ATT ID 
 
The U and V indicates station coordinates, GOAL is the required goal for antenna gain or 
XPD etc., WEIGHT indicates the weighting factor during optimization; higher the weight of 
station(s) more consideration will be given to that during optimization process, IPOL 
indicates the polarization of field or XPD component, ROT is polarization rotation, ATT is 
distance attenuation and ID field is an optional field for identification of the station(s). As 
shown in Figure 6(c), user is required to input the desired values for the paramters for each 
polygon. 
 

                       
                              (a) Coverage and antenna pointing   (b) Antenna pointing accuracy 
 
 
 
 
 
 
 
                          (c) Station file generation            (d) Initial defocusing ellipse and contoured beam antenna type selection 
Fig. 6. Activities in COBRA 
 
POS, min max optimizer requires initial defocusing of reflector antenna to avoid optimizer 
trap if some station is located at peak of antenna sidelobe. The user specifies an object of the 
“Initial Surface” class with two attributes. One specifies the focal length and the diameter of 
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surface profile. The resulting contours due to antenna deformation are plotted and checked 
to satisfy the goals. In case design goals are not satisfied, they are updated and optimization 
is started again. Once the goals are met, the Performance contours are plotted and 
discussed with customer for his acceptance. If the customer is satisfied then the antenna 
optimization is completed. In case the customer is not satisfied or wants changes in 
performance specifications then the whole process need to be repeated until the customer is 
satisfied. 
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The U and V indicates station coordinates, GOAL is the required goal for antenna gain or 
XPD etc., WEIGHT indicates the weighting factor during optimization; higher the weight of 
station(s) more consideration will be given to that during optimization process, IPOL 
indicates the polarization of field or XPD component, ROT is polarization rotation, ATT is 
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surface profile. The resulting contours due to antenna deformation are plotted and checked 
to satisfy the goals. In case design goals are not satisfied, they are updated and optimization 
is started again. Once the goals are met, the Performance contours are plotted and 
discussed with customer for his acceptance. If the customer is satisfied then the antenna 
optimization is completed. In case the customer is not satisfied or wants changes in 
performance specifications then the whole process need to be repeated until the customer is 
satisfied. 
 

 
Fig. 5. Typical antenna optimization procedure 
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The U and V indicates station coordinates, GOAL is the required goal for antenna gain or 
XPD etc., WEIGHT indicates the weighting factor during optimization; higher the weight of 
station(s) more consideration will be given to that during optimization process, IPOL 
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surface profile. The resulting contours due to antenna deformation are plotted and checked 
to satisfy the goals. In case design goals are not satisfied, they are updated and optimization 
is started again. Once the goals are met, the Performance contours are plotted and 
discussed with customer for his acceptance. If the customer is satisfied then the antenna 
optimization is completed. In case the customer is not satisfied or wants changes in 
performance specifications then the whole process need to be repeated until the customer is 
satisfied. 
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the parabolic main reflector, the other gives information about the coverage region. It is 
specified as an ellipse where the centre (antenna pointing) and the axes are given in (u, v) 
coordinates. POS will then create an initial defocusing by using user specified spline or 
Zernike coefficients to modify the main reflector. The initial defocusing ellipse is generated 
in COBRA which approximately encampuses the coverage area where gain of the antenna is 
required to be maximized. The important step is to select the contoured beam antenna type, 
here we select shaped surface dual reflector configuration. User is required to input the 
parameters for the antenna as shown in Figure  6(d). Finally user generates the data for 
POS as shown in Figure  7. The generated data including the POS project with necessary files 
is imported in POS for starting optimization. 
Station file (sta file) can be generated from SatSoft (stn file) with little modifications. The POS 
objects can be generated inside the POS software as well in case user don’t have COBRA 
software. 
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function or Bi-Cubic Spline function series expansion that roughly provides a far field 
response in the shape of the desired far field contours. Through subsequent PO iterations, 
the surface coefficients are further optimized to produce a far field pattern that matches the 

 

initial goals closely. The optimization is based on minimizing the maximum deviation from 
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attempted in order to obtain an optimum and acceptable performance. 
The input and output files for POS are shown in Figure  8(a). Stations file defining the 
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(tor file). The tor file (containing antenna geometry data and adjustable surface object) along 
with command file (tci file) acts as input to POS software. The software optimizes the 
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When the coverage area, the initial geometry and the optimization details have been defined 
the optimization can be started. POS calculates residual function as defined below (Stig, 
2006). 
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negative. Figure  8(b) shows successive optimization process in POS. The files generated by 
one optimization step are used as input to the next optimization step. During optimization 
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steps user may need to check for performance by observing out file and / or plotting the 
contours and as a result the user may need to increase the density of adjustable surface 
coefficients to achieve more shaping of reflector surface and to ultimately reach to the goals. 

 
18.2.2. POS Commands 
The commands used in POS to optimize the reflector are shown in Figure  9. The antenna 
is defocused initially; the optimization is performed by taking no input tvf file (Ticra 
Variable File) and generating a tvf file in optimization. The tvf file is updated and reflector 
geometry is written to surface (sfc) file. The simulation is started, residues and contours plots 
are observed, the successive optimizations are performed by inputting the tvf file generated 
by the previous optimization step to the next step. Mean while the density of spline 
coefficients can be increased. The optimization is continued until the residues become 
negative. If after successive optimizations, required results are not acheived then user 
might need to change the antenna size, configuration ect. 
 

 
Fig. 9. Commands in POS for optimization 

 
18.2.3. Optimized Antenna Contours 
After optimization is complete, final contours of EIRP, G/T, and XPD are plotted. Here only 
EIRP contours are shown in Figure  10 using a 100W TWTA. 
 

 

 
Fig. 10. Optimized contours in POS 

 
18.2.4. Radiation Pattern 
The optimized antenna geometry can be imported in GRASP to perform radiation pattern 
analysis. The comparison of Shaped and Unshaped antenna radiation patterns is shown in 
Figure 11. The shaped radiation pattern depicts that the antenna gain is no more focused 
only along the boresight. The near in and far out side lobes has increased considerably in 
case of shaped antenna as compared to the unshaped antenna. The radiation pattern is 
modified from unshaped antenna radiation pattern in such a way that it fulfils the 
performance requirements as is clear from the contours plot. 
 

 
Fig. 11. Shaped and unshaped antenna radiation pattern 
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18.2.5. Rays Plot 
The ray plot is shown is Figure 12 (a&b) for unshaped and shaped antenna system 
respectively. The rays reflected from shaped reflector antenna are no more parallel. 
 

 
                    (a) Unshaped antenna rays plot       (b) Shaped antenna rays plot 
Fig. 12. Unshaped and shaped antenna rays plot 

 
18.2.6. Shaped and Unshaped Antenna Surface 
The reflector antenna surface geometry are plotted before and after shaping using post 
processor as shown in Figure 13 (a&b) respectively. 
 

 
                     (a) Unshaped antenna surface                   (b) Shaped antenna surface 
Fig. 13. Unshaped and shaped antenna surface 

 
19. Satellite Antenna Tests 
 

The surface file(s) generated by POS is provided to manufacturer to get the antenna 
manufactured using an appropriate & available material and manufacturing process 
intended for space use. After the antenna has been manufactured the next step is to test its 
performance. Normally satellite antenna tests can be classified into following types 

1. Electrical performance test 
Radiation pattern test normally carried out in a CATR facility equipped with 
standard measurement hardware and software. Radiation pattern is measured 
and antenna footprints on earth map are calculated and plotted using softwares. 

2. Mechanical performance tests 
The mechanical tests include all the tests conducted to make sure that antenna can 
withstand the dynamic environment during launch. 

 

3. Thermal tests 
Thermal tests are conducted to make sure that antenna can survive and do not 
deform due to temperature variations when in orbit. It is highly necessary to check 
the variation in surface profile due to temperature changes because the changed 
profile might change the coverage area significantly. 

4. Deployment tests 
Deployment tests are very important to make sure that the antenna can fully 
deploy to required position because there are multiple antennas and pointing to 
respective coverage area is very important. The deployment tests are conducted 
using zero gravity apparatus. The hold and release mechanism holds the antenna 
during launch and releases it using pyrotechnic devices when we want to deploy it. 
The antenna can be deployed using springs or deployment motors. 

5. In Orbit Tests 
In orbit tests are performed to verify that communication payload is healthy, 
capable of performing required functions properly and EIRP, G/T values etc. are 
within tolerance limits when compared with test data on ground. 

 
20. Remotely Configurable Satellite Antennas 
 

Currently we are limited to satellite antennas which are shaped before the satellite is 
launched. Such antennas are not so flexible and once the satellite is launched, we can not 
change foot prints dynamically. The limitation tends to sustain because use of new 
technology is highly risky and commercial satellite manufacturers don’t want to take any 
kind of risks due to high costs involved. The reliable technologies with years of space 
heritage (although less advance) are always preferred. But to make the satellite footprints 
dynamically changeable by using ground commands it is required to perform some 
experimentation and accept the risks due to complex nature of remotely configurable 
antennas. 
The key concept behind remotely configurable satellite antennas is to change the surface 
profile of reflector antenna using onboard actuators controlled by telecommand. The 
actuators can be arranged in rows and columns, the surface deformation amount can be 
predicted by ground simulations and then corresponding actuators can be controlled to 
deform the surface of reflector antennas. POS can be used for calculating amount of 
deformation. Each coefficient of adjustable surface can be mapped to an actuator. More 
actuators placed on board; more flexible is the reflector shaping. 
The cost of such antenna is high, TMTC system is complex (as every actuator is to be 
controlled and monitored), power requirement is high, control electronics and associated 
mechanisms are complex. Presently this is an immature technology so high risk is involved 
which is a major constraint in using such antennas. Remotely configurable antennas are still 
in research and we can expect their use in future satellites after going through myriad of 
tests and verification process. 

 
21. Conclusion 
 

We have presented here the technology of communication satellite antennas with a focus on 
contoured beam antennas using surface profile shaping. It is hoped that this material will 
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deform due to temperature variations when in orbit. It is highly necessary to check 
the variation in surface profile due to temperature changes because the changed 
profile might change the coverage area significantly. 

4. Deployment tests 
Deployment tests are very important to make sure that the antenna can fully 
deploy to required position because there are multiple antennas and pointing to 
respective coverage area is very important. The deployment tests are conducted 
using zero gravity apparatus. The hold and release mechanism holds the antenna 
during launch and releases it using pyrotechnic devices when we want to deploy it. 
The antenna can be deployed using springs or deployment motors. 

5. In Orbit Tests 
In orbit tests are performed to verify that communication payload is healthy, 
capable of performing required functions properly and EIRP, G/T values etc. are 
within tolerance limits when compared with test data on ground. 
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Currently we are limited to satellite antennas which are shaped before the satellite is 
launched. Such antennas are not so flexible and once the satellite is launched, we can not 
change foot prints dynamically. The limitation tends to sustain because use of new 
technology is highly risky and commercial satellite manufacturers don’t want to take any 
kind of risks due to high costs involved. The reliable technologies with years of space 
heritage (although less advance) are always preferred. But to make the satellite footprints 
dynamically changeable by using ground commands it is required to perform some 
experimentation and accept the risks due to complex nature of remotely configurable 
antennas. 
The key concept behind remotely configurable satellite antennas is to change the surface 
profile of reflector antenna using onboard actuators controlled by telecommand. The 
actuators can be arranged in rows and columns, the surface deformation amount can be 
predicted by ground simulations and then corresponding actuators can be controlled to 
deform the surface of reflector antennas. POS can be used for calculating amount of 
deformation. Each coefficient of adjustable surface can be mapped to an actuator. More 
actuators placed on board; more flexible is the reflector shaping. 
The cost of such antenna is high, TMTC system is complex (as every actuator is to be 
controlled and monitored), power requirement is high, control electronics and associated 
mechanisms are complex. Presently this is an immature technology so high risk is involved 
which is a major constraint in using such antennas. Remotely configurable antennas are still 
in research and we can expect their use in future satellites after going through myriad of 
tests and verification process. 
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18.2.5. Rays Plot 
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                    (a) Unshaped antenna rays plot       (b) Shaped antenna rays plot 
Fig. 12. Unshaped and shaped antenna rays plot 
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Fig. 13. Unshaped and shaped antenna surface 

 
19. Satellite Antenna Tests 
 

The surface file(s) generated by POS is provided to manufacturer to get the antenna 
manufactured using an appropriate & available material and manufacturing process 
intended for space use. After the antenna has been manufactured the next step is to test its 
performance. Normally satellite antenna tests can be classified into following types 

1. Electrical performance test 
Radiation pattern test normally carried out in a CATR facility equipped with 
standard measurement hardware and software. Radiation pattern is measured 
and antenna footprints on earth map are calculated and plotted using softwares. 

2. Mechanical performance tests 
The mechanical tests include all the tests conducted to make sure that antenna can 
withstand the dynamic environment during launch. 

 

3. Thermal tests 
Thermal tests are conducted to make sure that antenna can survive and do not 
deform due to temperature variations when in orbit. It is highly necessary to check 
the variation in surface profile due to temperature changes because the changed 
profile might change the coverage area significantly. 

4. Deployment tests 
Deployment tests are very important to make sure that the antenna can fully 
deploy to required position because there are multiple antennas and pointing to 
respective coverage area is very important. The deployment tests are conducted 
using zero gravity apparatus. The hold and release mechanism holds the antenna 
during launch and releases it using pyrotechnic devices when we want to deploy it. 
The antenna can be deployed using springs or deployment motors. 

5. In Orbit Tests 
In orbit tests are performed to verify that communication payload is healthy, 
capable of performing required functions properly and EIRP, G/T values etc. are 
within tolerance limits when compared with test data on ground. 

 
20. Remotely Configurable Satellite Antennas 
 

Currently we are limited to satellite antennas which are shaped before the satellite is 
launched. Such antennas are not so flexible and once the satellite is launched, we can not 
change foot prints dynamically. The limitation tends to sustain because use of new 
technology is highly risky and commercial satellite manufacturers don’t want to take any 
kind of risks due to high costs involved. The reliable technologies with years of space 
heritage (although less advance) are always preferred. But to make the satellite footprints 
dynamically changeable by using ground commands it is required to perform some 
experimentation and accept the risks due to complex nature of remotely configurable 
antennas. 
The key concept behind remotely configurable satellite antennas is to change the surface 
profile of reflector antenna using onboard actuators controlled by telecommand. The 
actuators can be arranged in rows and columns, the surface deformation amount can be 
predicted by ground simulations and then corresponding actuators can be controlled to 
deform the surface of reflector antennas. POS can be used for calculating amount of 
deformation. Each coefficient of adjustable surface can be mapped to an actuator. More 
actuators placed on board; more flexible is the reflector shaping. 
The cost of such antenna is high, TMTC system is complex (as every actuator is to be 
controlled and monitored), power requirement is high, control electronics and associated 
mechanisms are complex. Presently this is an immature technology so high risk is involved 
which is a major constraint in using such antennas. Remotely configurable antennas are still 
in research and we can expect their use in future satellites after going through myriad of 
tests and verification process. 

 
21. Conclusion 
 

We have presented here the technology of communication satellite antennas with a focus on 
contoured beam antennas using surface profile shaping. It is hoped that this material will 



Recent Advances in Technologies326 

provide a quick insight of satellite antenna design and its related issues to the reader in a 
unified way. Our opinions are based on literature survey and experience. However, user is 
required to fully investigate the technology and its related issue before implementation as 
space related systems are very complex in nature. Authors are not responsible for any kind 
of loss or damage caused by use of the material covered in this chapter. 
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1. Introduction

In the next generation of wireless communication systems, there will be a need to deploy
independent mobile users. Significant examples include establishing survivable, efficient, dy-
namic communication for emergency/rescue operations, disaster relief efforts, and military
networks. Such network scenarios cannot rely on centralized and organized connectivity, and
can be conceived as applications of wireless ad hoc networks. A wireless ad hoc network is an
autonomous collection of static or mobile users that communicate over relatively bandwidth
constrained wireless links. The fact that these nodes could be mobile changes the network
topology rapidly and unpredictably over time. The network is decentralized, where all net-
work activity including discovering the topology and delivering messages must be executed
by the nodes themselves.
The set of applications for MANETs1 is diverse, ranging from small, static networks that
are constrained by power sources, to large-scale, mobile, highly dynamic networks. The de-
sign of network protocols for these networks is a complex issue. Regardless of the applica-
tion, MANETs need efficient distributed algorithms to determine network organization, link
scheduling, and routing. However, determining viable routing paths and delivering messages
in a decentralized environment where network topology fluctuates is not a well-defined prob-
lem. While the shortest path (based on a given cost function) from a source to a destination
in a static network is usually the optimal route, this idea is not easily extended to MANETs.
Factors such as variable wireless link quality, propagation path loss, fading, multiuser interfer-
ence, power expended, and topological changes, become relevant issues. The network should
be able to adaptively alter the routing paths to alleviate any of these effects. Moreover, in a
military environment, preservation of security, latency, reliability, intentional jamming, and
recovery from failure are significant concerns. Military networks are designed to maintain
a low probability of intercept and/or a low probability of detection. Hence, nodes prefer to
radiate as little power as necessary and transmit as infrequently as possible, thus decreasing
the probability of detection or interception. A lapse in any of these requirements may degrade
the performance and dependability of the network.
Wireless ad hoc networks, ever since its inception in the packet radio networks during the 1970s,
has been a topic of extensive research because it meets the demands of the next generation
communication systems. With the number of possibilities it opens up, it also presents to us
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1. Introduction

In the next generation of wireless communication systems, there will be a need to deploy
independent mobile users. Significant examples include establishing survivable, efficient, dy-
namic communication for emergency/rescue operations, disaster relief efforts, and military
networks. Such network scenarios cannot rely on centralized and organized connectivity, and
can be conceived as applications of wireless ad hoc networks. A wireless ad hoc network is an
autonomous collection of static or mobile users that communicate over relatively bandwidth
constrained wireless links. The fact that these nodes could be mobile changes the network
topology rapidly and unpredictably over time. The network is decentralized, where all net-
work activity including discovering the topology and delivering messages must be executed
by the nodes themselves.
The set of applications for MANETs1 is diverse, ranging from small, static networks that
are constrained by power sources, to large-scale, mobile, highly dynamic networks. The de-
sign of network protocols for these networks is a complex issue. Regardless of the applica-
tion, MANETs need efficient distributed algorithms to determine network organization, link
scheduling, and routing. However, determining viable routing paths and delivering messages
in a decentralized environment where network topology fluctuates is not a well-defined prob-
lem. While the shortest path (based on a given cost function) from a source to a destination
in a static network is usually the optimal route, this idea is not easily extended to MANETs.
Factors such as variable wireless link quality, propagation path loss, fading, multiuser interfer-
ence, power expended, and topological changes, become relevant issues. The network should
be able to adaptively alter the routing paths to alleviate any of these effects. Moreover, in a
military environment, preservation of security, latency, reliability, intentional jamming, and
recovery from failure are significant concerns. Military networks are designed to maintain
a low probability of intercept and/or a low probability of detection. Hence, nodes prefer to
radiate as little power as necessary and transmit as infrequently as possible, thus decreasing
the probability of detection or interception. A lapse in any of these requirements may degrade
the performance and dependability of the network.
Wireless ad hoc networks, ever since its inception in the packet radio networks during the 1970s,
has been a topic of extensive research because it meets the demands of the next generation
communication systems. With the number of possibilities it opens up, it also presents to us
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formidable constraints such as network organization, link scheduling, power management,
security and routing are a few to mention.
This chapter would present an overview of Broadcasting, a very prominent issue existing
in design and deployment of wireless ad hoc networks today. Broadcasting plays a major
role in successful communication in wireless networks such as manets, sensor networks etc.
essentially because nodes in these networks do not have information about the topology of
the network instead have to discover it.
Although broadcasting happens to be a very useful mechanism, it also presents to us a lot of
challenges. Some of these are grouped under what is popularly known as the Broadcast Storm
problems (Sze-Yao et al., 1999) . As one would imagine, optimizing broadcasting operation
would indeed bring down the energy consumption of the entire network. This however does
not have very straight forward answers. A lot of algorithms such as counter based, location
based, area based etc (Williams & Camp, 2002). have been proposed in the past and each of
them incorporate a different approach to optimize this operation.
This chapter would provide an introduction to some of these broadcasting schemes. In partic-
ular, the probability based scheme (Sasson et al., 2002) would be talked about in more detail.
To understand the probability scheme better, understanding the key concepts in percolation
theory would be necessary. Although this theory forces us to develop a very theoretical per-
spective of the topic at hand, it is useful as it gives us an idea of the bounds. However, we will
verify these bounds by discussing some of the results obtained from simulations.

2. Broadcasting Schemes

Most routing protocols(reactive, pro active, hybrid etc.) use broadcasting in their route dis-
covery scheme. A comprehensive classification of these broadcasting schemes is provided
in (Williams & Camp, 2002). Simple Flooding requires each node to rebroadcast all packets.
Probability Based Methods use some basic understanding of the network topology to assign
a probability to a node to rebroadcast. Area Based Methods assume nodes have common
transmission distances; a node will rebroadcast only if the rebroadcast will reach sufficient
additional coverage area. Neighbor Knowledge Methods maintain state on their neighbor-
hood, via Hello packets, which issued in the decision to rebroadcast.
The robustness of a broadcasting technique is based on how well it can handle network parti-
tioning, highly mobile nodes, power sensitivity, collisions etc. These are essentially the basis of
optimization of broadcasting operations. Most challenges raised by broadcasting and packet
forwarding in adhoc networks are essentially due to their unconstrained mobility characteris-
tics. Links form and break at a rapid rate. Like mentioned above, each class of the optimization
technique deals with these issues in a particular fashion, which is our next topic of discussion:

2.1 Flooding
The classical Flooding algorithm is by far the simplest way to broadcast a message in the
network. The process starts with a node which intends to broadcast a message in the network.
Upon receiving the message each of the nodes rebroadcasts it exactly once and this continues
until all the nodes which are reachable receive the message. An implementation of this is
presented in (Ho et al., 1999). When a node receives a packet, it waits a uniformly distributed
time interval between 0 and flooding-interval before it broadcasts the packet.
That time interval which is known as the Random Assessment Delay serves two purposes, firstly
it allows the nodes sufficient time to receive redundant packets and assess whether to rebroad-
cast. Secondly, the randomized scheduling prevents the collisions.

2.1.1 The Broadcast Storm Problem (Sze-Yao et al., 1999)
Broadcasting is a common operation in many applications, e.g. graphs related problems and
distributed computing problems. It is also very widely used to resolve many network layer
problems. In MANET in particular, due to mobility, broadcastings are expected to be more
often. One straightforward solution is like we have discussed so far is the blind flooding. In a
CSMA/CD2 network the drawbacks of flooding include:

∙ Redundant rebroadcasts: When a mobile host decides to rebroadcast a broadcast mes-
sage to its neighbors, all its neighbors already have the message.
The following analysis shows that rebroadcasts are very expensive and should be used
with caution. Consider a simple scenario (Fig. 1) in which there are two nodes A and B.
Node A sends a broadcast message to node B. B upon receiving this message rebroad-
casts the message. A simple calculation can tell us the usefulness of the rebroadcast by
B i.e., how much area does it cover that A with the first message couldnot reach. Con-
sider SA to be the area that can be covered by A and SB the area that can be covered by
B. The area that can be shaded by B has been shaded and can be represented as SB−A.
Let r be the radii of SA and SB, and d the distance between A and B.

∣SB−A∣ = ∣SB∣ − ∣SA∩B∣ = πr2 − INTC(d)

where INTC(d) is the interesection area of the two circles centered at two points dis-
tanced by d.

INTC(d) = 4
∫ r

d/2

√
r2 − x2 dx

When d = r, teh coverage area ∣SB−A∣ is the largest which equals πr2 − INTC(r) =
r2(π

3 +
√

3
2 ) ≈ 0.61πr2. This shows that only 61% can be additional coverage over that

already covered by the previous tranmission.

Fig. 1. The shaded area represents the additional coverage of node B

Supposing that B can be randomly located in any of A’s tranmission range, the average
value can be obtained by integrating the above value over circle of radius x centered at
A for x in [0,r]: ∫ r

0

2πx
[
πr2 − INTC(x)

]

πr2 dx ≈ 0.41πr2

2 Carrier Sense Multiple Access With Collision Detection
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formidable constraints such as network organization, link scheduling, power management,
security and routing are a few to mention.
This chapter would present an overview of Broadcasting, a very prominent issue existing
in design and deployment of wireless ad hoc networks today. Broadcasting plays a major
role in successful communication in wireless networks such as manets, sensor networks etc.
essentially because nodes in these networks do not have information about the topology of
the network instead have to discover it.
Although broadcasting happens to be a very useful mechanism, it also presents to us a lot of
challenges. Some of these are grouped under what is popularly known as the Broadcast Storm
problems (Sze-Yao et al., 1999) . As one would imagine, optimizing broadcasting operation
would indeed bring down the energy consumption of the entire network. This however does
not have very straight forward answers. A lot of algorithms such as counter based, location
based, area based etc (Williams & Camp, 2002). have been proposed in the past and each of
them incorporate a different approach to optimize this operation.
This chapter would provide an introduction to some of these broadcasting schemes. In partic-
ular, the probability based scheme (Sasson et al., 2002) would be talked about in more detail.
To understand the probability scheme better, understanding the key concepts in percolation
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spective of the topic at hand, it is useful as it gives us an idea of the bounds. However, we will
verify these bounds by discussing some of the results obtained from simulations.
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Probability Based Methods use some basic understanding of the network topology to assign
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additional coverage area. Neighbor Knowledge Methods maintain state on their neighbor-
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technique deals with these issues in a particular fashion, which is our next topic of discussion:
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formidable constraints such as network organization, link scheduling, power management,
security and routing are a few to mention.
This chapter would present an overview of Broadcasting, a very prominent issue existing
in design and deployment of wireless ad hoc networks today. Broadcasting plays a major
role in successful communication in wireless networks such as manets, sensor networks etc.
essentially because nodes in these networks do not have information about the topology of
the network instead have to discover it.
Although broadcasting happens to be a very useful mechanism, it also presents to us a lot of
challenges. Some of these are grouped under what is popularly known as the Broadcast Storm
problems (Sze-Yao et al., 1999) . As one would imagine, optimizing broadcasting operation
would indeed bring down the energy consumption of the entire network. This however does
not have very straight forward answers. A lot of algorithms such as counter based, location
based, area based etc (Williams & Camp, 2002). have been proposed in the past and each of
them incorporate a different approach to optimize this operation.
This chapter would provide an introduction to some of these broadcasting schemes. In partic-
ular, the probability based scheme (Sasson et al., 2002) would be talked about in more detail.
To understand the probability scheme better, understanding the key concepts in percolation
theory would be necessary. Although this theory forces us to develop a very theoretical per-
spective of the topic at hand, it is useful as it gives us an idea of the bounds. However, we will
verify these bounds by discussing some of the results obtained from simulations.
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Most routing protocols(reactive, pro active, hybrid etc.) use broadcasting in their route dis-
covery scheme. A comprehensive classification of these broadcasting schemes is provided
in (Williams & Camp, 2002). Simple Flooding requires each node to rebroadcast all packets.
Probability Based Methods use some basic understanding of the network topology to assign
a probability to a node to rebroadcast. Area Based Methods assume nodes have common
transmission distances; a node will rebroadcast only if the rebroadcast will reach sufficient
additional coverage area. Neighbor Knowledge Methods maintain state on their neighbor-
hood, via Hello packets, which issued in the decision to rebroadcast.
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tioning, highly mobile nodes, power sensitivity, collisions etc. These are essentially the basis of
optimization of broadcasting operations. Most challenges raised by broadcasting and packet
forwarding in adhoc networks are essentially due to their unconstrained mobility characteris-
tics. Links form and break at a rapid rate. Like mentioned above, each class of the optimization
technique deals with these issues in a particular fashion, which is our next topic of discussion:

2.1 Flooding
The classical Flooding algorithm is by far the simplest way to broadcast a message in the
network. The process starts with a node which intends to broadcast a message in the network.
Upon receiving the message each of the nodes rebroadcasts it exactly once and this continues
until all the nodes which are reachable receive the message. An implementation of this is
presented in (Ho et al., 1999). When a node receives a packet, it waits a uniformly distributed
time interval between 0 and flooding-interval before it broadcasts the packet.
That time interval which is known as the Random Assessment Delay serves two purposes, firstly
it allows the nodes sufficient time to receive redundant packets and assess whether to rebroad-
cast. Secondly, the randomized scheduling prevents the collisions.

2.1.1 The Broadcast Storm Problem (Sze-Yao et al., 1999)
Broadcasting is a common operation in many applications, e.g. graphs related problems and
distributed computing problems. It is also very widely used to resolve many network layer
problems. In MANET in particular, due to mobility, broadcastings are expected to be more
often. One straightforward solution is like we have discussed so far is the blind flooding. In a
CSMA/CD2 network the drawbacks of flooding include:

∙ Redundant rebroadcasts: When a mobile host decides to rebroadcast a broadcast mes-
sage to its neighbors, all its neighbors already have the message.
The following analysis shows that rebroadcasts are very expensive and should be used
with caution. Consider a simple scenario (Fig. 1) in which there are two nodes A and B.
Node A sends a broadcast message to node B. B upon receiving this message rebroad-
casts the message. A simple calculation can tell us the usefulness of the rebroadcast by
B i.e., how much area does it cover that A with the first message couldnot reach. Con-
sider SA to be the area that can be covered by A and SB the area that can be covered by
B. The area that can be shaded by B has been shaded and can be represented as SB−A.
Let r be the radii of SA and SB, and d the distance between A and B.

∣SB−A∣ = ∣SB∣ − ∣SA∩B∣ = πr2 − INTC(d)
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The robustness of a broadcasting technique is based on how well it can handle network parti-
tioning, highly mobile nodes, power sensitivity, collisions etc. These are essentially the basis of
optimization of broadcasting operations. Most challenges raised by broadcasting and packet
forwarding in adhoc networks are essentially due to their unconstrained mobility characteris-
tics. Links form and break at a rapid rate. Like mentioned above, each class of the optimization
technique deals with these issues in a particular fashion, which is our next topic of discussion:
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The classical Flooding algorithm is by far the simplest way to broadcast a message in the
network. The process starts with a node which intends to broadcast a message in the network.
Upon receiving the message each of the nodes rebroadcasts it exactly once and this continues
until all the nodes which are reachable receive the message. An implementation of this is
presented in (Ho et al., 1999). When a node receives a packet, it waits a uniformly distributed
time interval between 0 and flooding-interval before it broadcasts the packet.
That time interval which is known as the Random Assessment Delay serves two purposes, firstly
it allows the nodes sufficient time to receive redundant packets and assess whether to rebroad-
cast. Secondly, the randomized scheduling prevents the collisions.

2.1.1 The Broadcast Storm Problem (Sze-Yao et al., 1999)
Broadcasting is a common operation in many applications, e.g. graphs related problems and
distributed computing problems. It is also very widely used to resolve many network layer
problems. In MANET in particular, due to mobility, broadcastings are expected to be more
often. One straightforward solution is like we have discussed so far is the blind flooding. In a
CSMA/CD2 network the drawbacks of flooding include:

∙ Redundant rebroadcasts: When a mobile host decides to rebroadcast a broadcast mes-
sage to its neighbors, all its neighbors already have the message.
The following analysis shows that rebroadcasts are very expensive and should be used
with caution. Consider a simple scenario (Fig. 1) in which there are two nodes A and B.
Node A sends a broadcast message to node B. B upon receiving this message rebroad-
casts the message. A simple calculation can tell us the usefulness of the rebroadcast by
B i.e., how much area does it cover that A with the first message couldnot reach. Con-
sider SA to be the area that can be covered by A and SB the area that can be covered by
B. The area that can be shaded by B has been shaded and can be represented as SB−A.
Let r be the radii of SA and SB, and d the distance between A and B.

∣SB−A∣ = ∣SB∣ − ∣SA∩B∣ = πr2 − INTC(d)
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Thus, after the rebroadcast can only cover an additional 41% area in average.
In general, the benefit of a host rebroadcasting a message after having heard the mes-
sage k times has been obtained. For k ≥ 4, the additional coverage is below 0.05%.

∙ Contention: After a mobile host broadcasts a message, if many of its neighbors decide
to rebroadcast the message, these transmission may severely contend with each other.
We now consider the situation where host A transmits a broadcast message and there
are n hosts hearing message. If all these hosts try to rebroadcast the message, contention
may occur because two or more hosts around A are likely to be close and thus contend
with each other on the wireless medium.
Let’s analyze the simpler case of n = 2. Let hosts B and C be the two receiving hosts.
Let B randomly locate A’s tranmission range. In order for C to contend with B, it must
locate in the area SA∩B. So the probability of contention is ∣SA∩B ∣

πr2 . Let x be the distance
between A and B. ∫ r

0

2πxINTC(x)/πr2

πr2 dx ≈ 59%

This value of contention has been shown to rise over 80% as n ≥ 6.

∙ Collision: Because of the deficiency of backoff mechanism, the lack of RTS/CTS3 dia-
logue, and the absence of CD, collisions are more likely to occur and cause more dam-
age.
Now consider the scenario where several neighbor hosts hear a broadcast from host X.
There are several reasons for collisions to occur. First, if the surrounding medium of X
has been quiet for enough long, all Xs neighbors may have passed their backoff proce-
dures. Thus, after hearing the broadcast message, they may all start rebroadcasting at
around the same time. This is especially true if carriers can not be sensed immediately
due to RF delays and transmission latency. Second, because the RTS/CTS forewarning
dialogue is not used in a broadcast transmission, the damage of collision is more serious.
Third, once collision occurs, without collision detection (CD), a host will keep transmit-
ting the packet even if some of foregoing bits have been garbled. And the longer the
packet is, the more the waste.

One approach to alleviate the broadcast storm problem is to inhibit some hosts from rebroad-
casting to reduce the redundancy, and thus contention and collision. In the following, we
will discuss three broad classes of broadcasting schemes (Williams & Camp, 2002). They are
namely Probability based methods; Area based methods, Neighbor knowledge methods.

2.2 Probabilistic Flooding
Probabilistic flooding is a slight modification over the flooding technique. In probabilistic
flooding, a node upon receiving a broadcasted message rebroadcasts it with a probability
p < 1. In dense networks, having some nodes rebroadcast probabilistically does not harm the
coverage. Determining value of the broadcast probability can be a very interesting topic of
research. Although there have been some attempts at it (Kadiyala & Sunitha, 2008; Sasson
et al., 2002) , it is still an open field. The basic understanding is that the broadcast probability
could be determined by the node density. For example, a sparse network must have higher
broadcast probability compared to a dense network. A detailed discussion of this is presented
later. This scheme is identical to flooding when p = 1.

3 Request to Send/ Clear to Send

2.2.1 Counter Based Scheme
The following steps summarize counter based scheme:

∙ Random Assessment Delay4 is used.

∙ The counter is incremented by one for each redundant packet received.

∙ If the counter is less than a threshold value when the RAD expires, the packet is re-
broadcast. Otherwise, it is simply dropped.

2.2.2 Phase Transitions in Wireless Ad Hoc Networks (Krishnamachari et al., 2001)
We have so far looked at a straightforward model of probabilistic flooding i.e. nodes trying
to rebroadcast with a probability p < 1. The analysis of this scheme presents to us a very new
direction. The idea of phase transitions in wireless ad hoc networks was first presented by B.
Krishnamachari et al. in (Krishnamachari et al., 2001). Phase transitions are characterized by
an abrupt emergence or disappearence of a property beyond a critical value of a parameter. In
(Krishnamachari et al., 2001), the authors have shown that some properties of a wireless ad
hoc network(node reachability with probabilistic flooding, ad hoc network connectivity and
sensor network coordination) exhibit this phase transition and the critical behaviour.
Though this idea of phase transitions happen to be new to the field of wireless communica-
tions, such behavior has been known to mathematicians for several decades in the form of
zero-one laws in Random Graphs5. The idea is that for randomly generated graphs, mono-
tone properties such as connectivity, as we vary the average density of the graph transitions
sharply from zero to one at a threshold value.
The basic idea is that for certain monotone graph properties such as connectivity, as we vary
the average density of the graph, the probability that a randomly generated graph exhibits
this property asymptotically transitions sharply from zero to one at some critical threshold
value.
In probabilistic flooding each node decides to rebroadcast with a probability p. In (Krishna-
machari et al., 2001) authors present that reachability in such probabilistic flooding schemes
show a phase transition. The parameter that this property depends upon is the broadcast
proabability p. Thus for a p > pc

6,

Pr{reachability to all nodes in probabilistic flooding} → 1

i.e., the property of reachability in probabilistic schemes takes birth, thus exhibiting the phase
transition. The authors also present an interesting problem to ponder upon- As the number
of neighbors that each node has increases the critical value pc decreases, as is to be expected.
Thus there is an interesting trade-off in this situation: if the transmission radius R is large,
more power is expended, but the query traffic is minimized, whereas if the transmission ra-
dius is small then less power is expended by each node, but the number of route query packets
will increase as the critical value pc increases. Towards the end of this section we extend this
particular discussion further.

4 Many of the broadcasting protocols require a node to keep track of redundant packets received over a
short time interval in order to determine whether to rebroadcast. That time interval known as Random
Assessment Delay (Williams & Camp, 2002) (RAD), is randomly chosen from a uniform distribution be-
tween 0 and Tmax seconds, where Tmax is the highest possible delay interval. This delay allows nodes
sufficient time to receive redundant packets and assess whether to rebroadcast. Also the randomized
scheduling prevents the collisions.

5 Random graphs were first defined by Paul Erdos and Alfréd Rényi in 1959.
6 pc is the critical/threshold value of the parameter
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Thus, after the rebroadcast can only cover an additional 41% area in average.
In general, the benefit of a host rebroadcasting a message after having heard the mes-
sage k times has been obtained. For k ≥ 4, the additional coverage is below 0.05%.

∙ Contention: After a mobile host broadcasts a message, if many of its neighbors decide
to rebroadcast the message, these transmission may severely contend with each other.
We now consider the situation where host A transmits a broadcast message and there
are n hosts hearing message. If all these hosts try to rebroadcast the message, contention
may occur because two or more hosts around A are likely to be close and thus contend
with each other on the wireless medium.
Let’s analyze the simpler case of n = 2. Let hosts B and C be the two receiving hosts.
Let B randomly locate A’s tranmission range. In order for C to contend with B, it must
locate in the area SA∩B. So the probability of contention is ∣SA∩B ∣

πr2 . Let x be the distance
between A and B. ∫ r
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This value of contention has been shown to rise over 80% as n ≥ 6.

∙ Collision: Because of the deficiency of backoff mechanism, the lack of RTS/CTS3 dia-
logue, and the absence of CD, collisions are more likely to occur and cause more dam-
age.
Now consider the scenario where several neighbor hosts hear a broadcast from host X.
There are several reasons for collisions to occur. First, if the surrounding medium of X
has been quiet for enough long, all Xs neighbors may have passed their backoff proce-
dures. Thus, after hearing the broadcast message, they may all start rebroadcasting at
around the same time. This is especially true if carriers can not be sensed immediately
due to RF delays and transmission latency. Second, because the RTS/CTS forewarning
dialogue is not used in a broadcast transmission, the damage of collision is more serious.
Third, once collision occurs, without collision detection (CD), a host will keep transmit-
ting the packet even if some of foregoing bits have been garbled. And the longer the
packet is, the more the waste.

One approach to alleviate the broadcast storm problem is to inhibit some hosts from rebroad-
casting to reduce the redundancy, and thus contention and collision. In the following, we
will discuss three broad classes of broadcasting schemes (Williams & Camp, 2002). They are
namely Probability based methods; Area based methods, Neighbor knowledge methods.

2.2 Probabilistic Flooding
Probabilistic flooding is a slight modification over the flooding technique. In probabilistic
flooding, a node upon receiving a broadcasted message rebroadcasts it with a probability
p < 1. In dense networks, having some nodes rebroadcast probabilistically does not harm the
coverage. Determining value of the broadcast probability can be a very interesting topic of
research. Although there have been some attempts at it (Kadiyala & Sunitha, 2008; Sasson
et al., 2002) , it is still an open field. The basic understanding is that the broadcast probability
could be determined by the node density. For example, a sparse network must have higher
broadcast probability compared to a dense network. A detailed discussion of this is presented
later. This scheme is identical to flooding when p = 1.
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2.2.1 Counter Based Scheme
The following steps summarize counter based scheme:

∙ Random Assessment Delay4 is used.

∙ The counter is incremented by one for each redundant packet received.

∙ If the counter is less than a threshold value when the RAD expires, the packet is re-
broadcast. Otherwise, it is simply dropped.

2.2.2 Phase Transitions in Wireless Ad Hoc Networks (Krishnamachari et al., 2001)
We have so far looked at a straightforward model of probabilistic flooding i.e. nodes trying
to rebroadcast with a probability p < 1. The analysis of this scheme presents to us a very new
direction. The idea of phase transitions in wireless ad hoc networks was first presented by B.
Krishnamachari et al. in (Krishnamachari et al., 2001). Phase transitions are characterized by
an abrupt emergence or disappearence of a property beyond a critical value of a parameter. In
(Krishnamachari et al., 2001), the authors have shown that some properties of a wireless ad
hoc network(node reachability with probabilistic flooding, ad hoc network connectivity and
sensor network coordination) exhibit this phase transition and the critical behaviour.
Though this idea of phase transitions happen to be new to the field of wireless communica-
tions, such behavior has been known to mathematicians for several decades in the form of
zero-one laws in Random Graphs5. The idea is that for randomly generated graphs, mono-
tone properties such as connectivity, as we vary the average density of the graph transitions
sharply from zero to one at a threshold value.
The basic idea is that for certain monotone graph properties such as connectivity, as we vary
the average density of the graph, the probability that a randomly generated graph exhibits
this property asymptotically transitions sharply from zero to one at some critical threshold
value.
In probabilistic flooding each node decides to rebroadcast with a probability p. In (Krishna-
machari et al., 2001) authors present that reachability in such probabilistic flooding schemes
show a phase transition. The parameter that this property depends upon is the broadcast
proabability p. Thus for a p > pc

6,

Pr{reachability to all nodes in probabilistic flooding} → 1

i.e., the property of reachability in probabilistic schemes takes birth, thus exhibiting the phase
transition. The authors also present an interesting problem to ponder upon- As the number
of neighbors that each node has increases the critical value pc decreases, as is to be expected.
Thus there is an interesting trade-off in this situation: if the transmission radius R is large,
more power is expended, but the query traffic is minimized, whereas if the transmission ra-
dius is small then less power is expended by each node, but the number of route query packets
will increase as the critical value pc increases. Towards the end of this section we extend this
particular discussion further.

4 Many of the broadcasting protocols require a node to keep track of redundant packets received over a
short time interval in order to determine whether to rebroadcast. That time interval known as Random
Assessment Delay (Williams & Camp, 2002) (RAD), is randomly chosen from a uniform distribution be-
tween 0 and Tmax seconds, where Tmax is the highest possible delay interval. This delay allows nodes
sufficient time to receive redundant packets and assess whether to rebroadcast. Also the randomized
scheduling prevents the collisions.

5 Random graphs were first defined by Paul Erdos and Alfréd Rényi in 1959.
6 pc is the critical/threshold value of the parameter
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Thus, after the rebroadcast can only cover an additional 41% area in average.
In general, the benefit of a host rebroadcasting a message after having heard the mes-
sage k times has been obtained. For k ≥ 4, the additional coverage is below 0.05%.

∙ Contention: After a mobile host broadcasts a message, if many of its neighbors decide
to rebroadcast the message, these transmission may severely contend with each other.
We now consider the situation where host A transmits a broadcast message and there
are n hosts hearing message. If all these hosts try to rebroadcast the message, contention
may occur because two or more hosts around A are likely to be close and thus contend
with each other on the wireless medium.
Let’s analyze the simpler case of n = 2. Let hosts B and C be the two receiving hosts.
Let B randomly locate A’s tranmission range. In order for C to contend with B, it must
locate in the area SA∩B. So the probability of contention is ∣SA∩B ∣

πr2 . Let x be the distance
between A and B. ∫ r

0

2πxINTC(x)/πr2

πr2 dx ≈ 59%

This value of contention has been shown to rise over 80% as n ≥ 6.

∙ Collision: Because of the deficiency of backoff mechanism, the lack of RTS/CTS3 dia-
logue, and the absence of CD, collisions are more likely to occur and cause more dam-
age.
Now consider the scenario where several neighbor hosts hear a broadcast from host X.
There are several reasons for collisions to occur. First, if the surrounding medium of X
has been quiet for enough long, all Xs neighbors may have passed their backoff proce-
dures. Thus, after hearing the broadcast message, they may all start rebroadcasting at
around the same time. This is especially true if carriers can not be sensed immediately
due to RF delays and transmission latency. Second, because the RTS/CTS forewarning
dialogue is not used in a broadcast transmission, the damage of collision is more serious.
Third, once collision occurs, without collision detection (CD), a host will keep transmit-
ting the packet even if some of foregoing bits have been garbled. And the longer the
packet is, the more the waste.

One approach to alleviate the broadcast storm problem is to inhibit some hosts from rebroad-
casting to reduce the redundancy, and thus contention and collision. In the following, we
will discuss three broad classes of broadcasting schemes (Williams & Camp, 2002). They are
namely Probability based methods; Area based methods, Neighbor knowledge methods.

2.2 Probabilistic Flooding
Probabilistic flooding is a slight modification over the flooding technique. In probabilistic
flooding, a node upon receiving a broadcasted message rebroadcasts it with a probability
p < 1. In dense networks, having some nodes rebroadcast probabilistically does not harm the
coverage. Determining value of the broadcast probability can be a very interesting topic of
research. Although there have been some attempts at it (Kadiyala & Sunitha, 2008; Sasson
et al., 2002) , it is still an open field. The basic understanding is that the broadcast probability
could be determined by the node density. For example, a sparse network must have higher
broadcast probability compared to a dense network. A detailed discussion of this is presented
later. This scheme is identical to flooding when p = 1.
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2.2.1 Counter Based Scheme
The following steps summarize counter based scheme:

∙ Random Assessment Delay4 is used.

∙ The counter is incremented by one for each redundant packet received.

∙ If the counter is less than a threshold value when the RAD expires, the packet is re-
broadcast. Otherwise, it is simply dropped.

2.2.2 Phase Transitions in Wireless Ad Hoc Networks (Krishnamachari et al., 2001)
We have so far looked at a straightforward model of probabilistic flooding i.e. nodes trying
to rebroadcast with a probability p < 1. The analysis of this scheme presents to us a very new
direction. The idea of phase transitions in wireless ad hoc networks was first presented by B.
Krishnamachari et al. in (Krishnamachari et al., 2001). Phase transitions are characterized by
an abrupt emergence or disappearence of a property beyond a critical value of a parameter. In
(Krishnamachari et al., 2001), the authors have shown that some properties of a wireless ad
hoc network(node reachability with probabilistic flooding, ad hoc network connectivity and
sensor network coordination) exhibit this phase transition and the critical behaviour.
Though this idea of phase transitions happen to be new to the field of wireless communica-
tions, such behavior has been known to mathematicians for several decades in the form of
zero-one laws in Random Graphs5. The idea is that for randomly generated graphs, mono-
tone properties such as connectivity, as we vary the average density of the graph transitions
sharply from zero to one at a threshold value.
The basic idea is that for certain monotone graph properties such as connectivity, as we vary
the average density of the graph, the probability that a randomly generated graph exhibits
this property asymptotically transitions sharply from zero to one at some critical threshold
value.
In probabilistic flooding each node decides to rebroadcast with a probability p. In (Krishna-
machari et al., 2001) authors present that reachability in such probabilistic flooding schemes
show a phase transition. The parameter that this property depends upon is the broadcast
proabability p. Thus for a p > pc
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Pr{reachability to all nodes in probabilistic flooding} → 1

i.e., the property of reachability in probabilistic schemes takes birth, thus exhibiting the phase
transition. The authors also present an interesting problem to ponder upon- As the number
of neighbors that each node has increases the critical value pc decreases, as is to be expected.
Thus there is an interesting trade-off in this situation: if the transmission radius R is large,
more power is expended, but the query traffic is minimized, whereas if the transmission ra-
dius is small then less power is expended by each node, but the number of route query packets
will increase as the critical value pc increases. Towards the end of this section we extend this
particular discussion further.

4 Many of the broadcasting protocols require a node to keep track of redundant packets received over a
short time interval in order to determine whether to rebroadcast. That time interval known as Random
Assessment Delay (Williams & Camp, 2002) (RAD), is randomly chosen from a uniform distribution be-
tween 0 and Tmax seconds, where Tmax is the highest possible delay interval. This delay allows nodes
sufficient time to receive redundant packets and assess whether to rebroadcast. Also the randomized
scheduling prevents the collisions.
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Thus, after the rebroadcast can only cover an additional 41% area in average.
In general, the benefit of a host rebroadcasting a message after having heard the mes-
sage k times has been obtained. For k ≥ 4, the additional coverage is below 0.05%.

∙ Contention: After a mobile host broadcasts a message, if many of its neighbors decide
to rebroadcast the message, these transmission may severely contend with each other.
We now consider the situation where host A transmits a broadcast message and there
are n hosts hearing message. If all these hosts try to rebroadcast the message, contention
may occur because two or more hosts around A are likely to be close and thus contend
with each other on the wireless medium.
Let’s analyze the simpler case of n = 2. Let hosts B and C be the two receiving hosts.
Let B randomly locate A’s tranmission range. In order for C to contend with B, it must
locate in the area SA∩B. So the probability of contention is ∣SA∩B ∣

πr2 . Let x be the distance
between A and B. ∫ r
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This value of contention has been shown to rise over 80% as n ≥ 6.

∙ Collision: Because of the deficiency of backoff mechanism, the lack of RTS/CTS3 dia-
logue, and the absence of CD, collisions are more likely to occur and cause more dam-
age.
Now consider the scenario where several neighbor hosts hear a broadcast from host X.
There are several reasons for collisions to occur. First, if the surrounding medium of X
has been quiet for enough long, all Xs neighbors may have passed their backoff proce-
dures. Thus, after hearing the broadcast message, they may all start rebroadcasting at
around the same time. This is especially true if carriers can not be sensed immediately
due to RF delays and transmission latency. Second, because the RTS/CTS forewarning
dialogue is not used in a broadcast transmission, the damage of collision is more serious.
Third, once collision occurs, without collision detection (CD), a host will keep transmit-
ting the packet even if some of foregoing bits have been garbled. And the longer the
packet is, the more the waste.

One approach to alleviate the broadcast storm problem is to inhibit some hosts from rebroad-
casting to reduce the redundancy, and thus contention and collision. In the following, we
will discuss three broad classes of broadcasting schemes (Williams & Camp, 2002). They are
namely Probability based methods; Area based methods, Neighbor knowledge methods.

2.2 Probabilistic Flooding
Probabilistic flooding is a slight modification over the flooding technique. In probabilistic
flooding, a node upon receiving a broadcasted message rebroadcasts it with a probability
p < 1. In dense networks, having some nodes rebroadcast probabilistically does not harm the
coverage. Determining value of the broadcast probability can be a very interesting topic of
research. Although there have been some attempts at it (Kadiyala & Sunitha, 2008; Sasson
et al., 2002) , it is still an open field. The basic understanding is that the broadcast probability
could be determined by the node density. For example, a sparse network must have higher
broadcast probability compared to a dense network. A detailed discussion of this is presented
later. This scheme is identical to flooding when p = 1.
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2.2.1 Counter Based Scheme
The following steps summarize counter based scheme:

∙ Random Assessment Delay4 is used.

∙ The counter is incremented by one for each redundant packet received.

∙ If the counter is less than a threshold value when the RAD expires, the packet is re-
broadcast. Otherwise, it is simply dropped.

2.2.2 Phase Transitions in Wireless Ad Hoc Networks (Krishnamachari et al., 2001)
We have so far looked at a straightforward model of probabilistic flooding i.e. nodes trying
to rebroadcast with a probability p < 1. The analysis of this scheme presents to us a very new
direction. The idea of phase transitions in wireless ad hoc networks was first presented by B.
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6,
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5 Random graphs were first defined by Paul Erdos and Alfréd Rényi in 1959.
6 pc is the critical/threshold value of the parameter
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The authors in (Krishnamachari et al., 2001) modeled the problem using Fixed Radius random
graph model7.
These results however theoretical in their nature are very useful and gives us a new dimen-
sion to analyze probabilistic flooding. The next section on Percolation Theory (Broadbent &
Hammersley, 1957) and its applications to our problem of probabilistic flooding would be an
extension to this.

2.2.3 Percolation theory and its application to probabilistic flooding
In (Sasson et al., 2002) explore the phase transition phenomenon observed in percolation the-
ory and random graphs as a basis for defining probabilistic flooding algorithms. The ever-
changing topology of a MANET could be another good reason for implementing a proba-
bilistic flooding scheme. The idea like we earlier discussed is that a node upon receiving a
broadcast message rebroadcasts it with a probability p < 1. The existence of such a pc (Fig. 2)

Fig. 2. On the Y-axis is θ(p) - Probability a vertex is part of an ∞ cluster and on the X-axis
the Probability of a parameter. Note pc, where the phase transition takes place. L denotes the
length of the largest cluster which is ∞ when p > pc

beyond which the probabilistic flooding reaches all nodes can be for the moment assumed to
exist. However, the real question here is to be able to determine the value of pc, which would
eventually improve the implementation of wireless ad hoc networks. In (Sasson et al., 2002)
the authors have tried to answer this question by attempting to apply a theory well studied in
the context of percolation theory, phase transition, to determine the value of pc.
For p > pc(percolation threshold) an infinite cluster which spans the entire network exists and
for p < pc there only exist large finite clusters that run through the infinite lattice. In the latter

7 G = G(n, R), given n points placed randomly accordingly to some distribution in the Euclidean plane,
construct G with n vertices corresponding to these points in such a way that there is an edge between
two vertices v and w if and only if the corresponding points are within a distance R of each other

case there is definitely more than one component in the lattice. This infinite spanning cluster
translates to a path existing between any two nodes of a MANET in probabilistic flooding.
A lot of analysis in percolation theory is performed on lattice structures of different geom-
etry such as square, triangular, simple cubic, body centered, face centered, honeycomb etc.
Percolation theory in (Stauffer & Aharony, 1992) is defined as:
Every site of a very large lattice is occupied randomly with probability p, independent of its neighbors.
Percolation theory deals with the clusters thus formed, in other words with the groups of neighbouring
occupied sites.
One of the classical examples discussed in an introductory theory to percolation is the stone
and water example (Grimmett, 1999). The question goes as follows, when a stone is immersed
in water what is the probability that the center of the stone gets wet? The stone ofcourse is
considered porous(very fine). The porous stone can be modelled as a lattice in Zd. We consider
a cross section of the stone(d = 2) and claim that if there is a path for the water travel from the
surface to the center of the stone, the center indeed would get wet. These paths are equivalent
to the edges in the lattice and are modeled stochastically i.e., an edge is open(or closed) with
a probability p(or 1 − p). Only an open edge lets water pass from one vertex to another. Thus
for the center to get wet, we need to study the existence of such large open cluters(connected
path) which connect the bottom of the stone to the center. Percolation is primarily concerned
with study of such open clusters/paths.

Fig. 3. Site and Bond percolation

The kind of percolation described in the above example is known as the bond percolation(Fig. 3).
As the name suggests the uncertainity in bond percolation is existent in the bonds or the edges
of the lattice. The other kind of percolation widely studied is the site percolation. Once again,
as the name suggests the uncertainity here is implemented in the sites or the vertices of the
lattice i.e., each site is open or closed with a probability p or 1 − p. Paths within the lattice in
the case of site percolation are restricted to between two neighboring open sites.
A lot of research has gone into determining the value of pc for lattices of different dimensions
and structures. In some cases there exists an analytic proof and in rest of the cases, computer
simulation is an option. Most of these predictions are conjectural except when the number d
of dimensions satisfies either d = 2 or d ≥ 19
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Like many other problems in physics, the percolation problem can be solved exactly in one
dimension and some aspects of that solution seem to be valid also for higher dimensions. The
value of pc = 1 for the one dimension case (Stauffer & Aharony, 1992). The other interesting
case is that of Bethe lattice which has ∞ dimensionality (Stauffer & Aharony, 1992). Every
vertex in the Bethe lattice has the same number of neighbors, say z. The threshold probability
for the bond percolation in this case

pc =
1

z − 1
A simple derivation of this is presented in (Stauffer & Aharony, 1992). Critical probabilites for
a few cases are presented in the Table 1.

Lattice Site Bond
Honeycomb 0.6962 0.65271

Square 0.592746 0.5000
Triangular 0.5000 0.34729
Diamond 0.43 0.388

BCC 0.246 0.1803
FCC 0.198 0.119

Simple Cubic 0.3116 0.2488

Table 1. Selected percolation thresholds for various lattices (Stauffer & Aharony, 1992)

2.2.4 The Critical Phenomenon
The principal quantity of interest is the percolation probability θ(p), being the probability that a
given vertex belongs to an infinite open cluster. Thus we can define:

θ(p) = Pp(∣C∣ = ∞); where ∣C∣ represents the length of the largest open cluster

Alternatively, we may write,

θ(p) = 1 −
∞

∑
n=1

Pp(∣C∣ = n)

It is fundamental to percolation theory that there exists a critical value of pc = pc(d) of p such
that

θ(p)
{

= 0 if p < pc
> 0 if p > pc

pc(d) is called the critical probability and is defined formally by

pc(d) = sup{p : θ(p) = 0} where d is the dimension of the lattice

Case of one dimension is of no interest since, if p < 1, θ(p) = 0 if p < 1, thus pc(1) = 1. Fol-
lowing are some important results involving the critical probability and the dimension of the
lattice in the form of theorem.

Theorem 1. θ(p) = θd(p) is non-decreasing in d, which implies that

pc(d + 1) ≤ pc(d); for d ≥ 1

Theorem 2. If d ≥ 2 then 0 ≤ pc(d) ≤ 1

Theorem 3. The probability ψ(p) that there exists an infinite open cluster satisfies

ψ(p) =
{

0 if θ(p) = 0
1 if θ(p) > 0

There are exactly three phases in zero-one transition of the property. The subcritical when
p < pc, supercritical when p > pc and the critical phase when p = pc. We are mostly concerned
with the behavior of the largest open cluster in the lattice in these three regions. We will
discuss very breifly in the following(Fig. 4):

Fig. 4. On the Y-axis is χ(p) - Mean value of the open clusters is finite for p < pc since no
infinite clusters exist in this region. χ f (p) is the mean value of finite clusters and as is expected
tends to 0 as p → 1

Let us define a term χ(p) as the mean cluster size at some probability p. Similarly χ f (p) refers
to the mean size of a finite open cluster when p > pc. We can note here that χ(p) = χ f (p) if
p < pc(d). This is because in the subcritical phase, there exist no infinite clusters, so all the
clusters that form are finite clusters.

(i) Subcritical phase:
Pp(∣C∣ = n) ≈ e−nα(p); as n → ∞

(ii) Supercritical phase: When p > pc, there exist infinite open clusters almost surely. So all
the cluster with ∣C∣ < ∞ will decay very fast. As one would expect when p = 1, there

would be no finite clusters in the lattice, thus E
[
χ f (1)

]
= 0 i.e.the expected value is 0.
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[
χ f (1)

]
= 0 i.e.the expected value is 0.
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Like many other problems in physics, the percolation problem can be solved exactly in one
dimension and some aspects of that solution seem to be valid also for higher dimensions. The
value of pc = 1 for the one dimension case (Stauffer & Aharony, 1992). The other interesting
case is that of Bethe lattice which has ∞ dimensionality (Stauffer & Aharony, 1992). Every
vertex in the Bethe lattice has the same number of neighbors, say z. The threshold probability
for the bond percolation in this case

pc =
1

z − 1
A simple derivation of this is presented in (Stauffer & Aharony, 1992). Critical probabilites for
a few cases are presented in the Table 1.

Lattice Site Bond
Honeycomb 0.6962 0.65271

Square 0.592746 0.5000
Triangular 0.5000 0.34729
Diamond 0.43 0.388

BCC 0.246 0.1803
FCC 0.198 0.119

Simple Cubic 0.3116 0.2488

Table 1. Selected percolation thresholds for various lattices (Stauffer & Aharony, 1992)

2.2.4 The Critical Phenomenon
The principal quantity of interest is the percolation probability θ(p), being the probability that a
given vertex belongs to an infinite open cluster. Thus we can define:

θ(p) = Pp(∣C∣ = ∞); where ∣C∣ represents the length of the largest open cluster

Alternatively, we may write,

θ(p) = 1 −
∞

∑
n=1

Pp(∣C∣ = n)

It is fundamental to percolation theory that there exists a critical value of pc = pc(d) of p such
that

θ(p)
{

= 0 if p < pc
> 0 if p > pc

pc(d) is called the critical probability and is defined formally by
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Case of one dimension is of no interest since, if p < 1, θ(p) = 0 if p < 1, thus pc(1) = 1. Fol-
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{
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infinite clusters exist in this region. χ f (p) is the mean value of finite clusters and as is expected
tends to 0 as p → 1
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to the mean size of a finite open cluster when p > pc. We can note here that χ(p) = χ f (p) if
p < pc(d). This is because in the subcritical phase, there exist no infinite clusters, so all the
clusters that form are finite clusters.

(i) Subcritical phase:
Pp(∣C∣ = n) ≈ e−nα(p); as n → ∞

(ii) Supercritical phase: When p > pc, there exist infinite open clusters almost surely. So all
the cluster with ∣C∣ < ∞ will decay very fast. As one would expect when p = 1, there

would be no finite clusters in the lattice, thus E
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χ f (1)

]
= 0 i.e.the expected value is 0.
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(iii) At the critical point: Firstly, does there exist an infinite open cluster when p = pc? The
answer is known to be negative when d = 2 or d ≥ 19, and is generally believed to be
negative for all d ≥ 2. Therefore we would have

Ppc (∣C∣ ≥ n) ≈ n
−1
δ ; as n → ∞

Near the critical point as p → pc from above or beneath, quantities such as θ(p) and χ(p)
behave as powers of ∣p − pc∣. In (Grimmett, 1999) it is conjectured that the following limits
exist:

γ = − lim
p↑pc

logχ(p)
log ∣p − pc∣

β = lim
p↓pc

logθ(p)
log(p − pc)

To conclude this section on percolation we would present one last theorem which relates
threshold probabilities in bond and site percolations.

Theorem 4. Let G=(V,E) be an infinite connected graph with countably many edges, origin 0, and
maximum vertex degree ∆(< ∞). The critical probabilities of G satisfy

1
∆ − 1

≤ pbond
c ≤ psite

c ≤ 1 − (1 − pbond
c )∆

2.2.5 In the context of probabilistic flooding
Having gone through some preliminary results in percolation theory, it is all the more impor-
tant to understand what they mean in the context of probabilistic flooding. Like we mentioned
earlier, (Sasson et al., 2002) talks at length about application of percolation theory to the prob-
abilistic flooding scheme. The first step would be to develop a model for the probabilistic
flooding. As described in (Sasson et al., 2002), given a broadcast source node S, let GB be the
connected subgraph of G representing all nodes that will receive the broadcasted message by
flooding (S ∈ GB). GB may be thought of as an infinite open cluster as defined in the earlier
section. The key is to have the connectivity but getting rid of some edges which only increase
redundancy. So essentially, operating above the percolation threshold pc of GB, we can ensure
connectivity while reducing the number of edges at the same time.
In (Sasson et al., 2002), the authors have considered two models:

(1) 2 X 2 grid(Fig. 5), where nodes are placed at every intersection. This model assumes that
the nodes are immobile and have the same fixed radius of transmission R. Limitation of
this approach are - lack of mobility in the network, restriction on the number of nodes
in the neighborhood of a particular node to 4 and ofcourse ideal network conditions are
assumed. Despite the fact that there exists these drawbacks, it still helps to answer a
few questions given such idealistic network conditions.

(2) The second model is that of a fixed radius model as described in (Krishnamachari et al.,
2001). This takes into account more realistic network conditions like mobility and non-
constant number of neighbors.

In the scenario 1, we can model the 2 X 2 grid as a square lattice in 2 dimensions. Results
obtained in percolation theory on 2-D square lattices can be applied to this model. Since we
are considering omni-directional flooding here, we can think of it as site percolation, where as
if the broadcast was directional (Shen et al., 2006) it could be thought of as a bond percolation

Fig. 5. Grid of wireless ad hoc network nodes

problem on square lattice. Infact, as we know from the above section on percolation that
the critical probabilities in bond percolation is lesser than that of critical probabilities in site
percolation. Thus it could optimize flooding even further. The scenario 2 has been simulated
on the NS2 and critical probabilities have been estimated to be far lesser than the percolation
threshold.
Having presented the application of percolation theory to probabilistic flooding, we need to
relook at the assumptions we have made while applying them to probabilistic flooding. One
of the fundamental aspects of percolation theory is that it is studied on infinite lattices and the
results can not entirely hold true for finite lattices which is the case in the MANETs. So the
questions we earlier posed need to be modified a little now. For example, we would no longer
be concerned about existence of infinite open cluster but we would want to understand how
the size of the largest cluster(as opposed infinite cluster) varies with changing probability and
the size of the network.

2.2.6 Finite size scaling (Stauffer & Aharony, 1992)
What happens to the various quantities of interest near the percolation threshold in a large but
finite lattice? Of course, even for p far below pc the system has a largest cluster. But only for
p > pc is the size of the largest cluster of the order of the system size. The question as phrased
in (Stauffer & Aharony, 1992)- How does the size of the largest cluster increase with L in a
system with Ld sites?
To be able to understand these questions we define a couple of other terms:

Cluster Radius 1. It is very similar to the radius of gyration, which is defined as the

R2
s =

s

∑
i=1

∣ri − r0∣2

s
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connected subgraph of G representing all nodes that will receive the broadcasted message by
flooding (S ∈ GB). GB may be thought of as an infinite open cluster as defined in the earlier
section. The key is to have the connectivity but getting rid of some edges which only increase
redundancy. So essentially, operating above the percolation threshold pc of GB, we can ensure
connectivity while reducing the number of edges at the same time.
In (Sasson et al., 2002), the authors have considered two models:

(1) 2 X 2 grid(Fig. 5), where nodes are placed at every intersection. This model assumes that
the nodes are immobile and have the same fixed radius of transmission R. Limitation of
this approach are - lack of mobility in the network, restriction on the number of nodes
in the neighborhood of a particular node to 4 and ofcourse ideal network conditions are
assumed. Despite the fact that there exists these drawbacks, it still helps to answer a
few questions given such idealistic network conditions.

(2) The second model is that of a fixed radius model as described in (Krishnamachari et al.,
2001). This takes into account more realistic network conditions like mobility and non-
constant number of neighbors.

In the scenario 1, we can model the 2 X 2 grid as a square lattice in 2 dimensions. Results
obtained in percolation theory on 2-D square lattices can be applied to this model. Since we
are considering omni-directional flooding here, we can think of it as site percolation, where as
if the broadcast was directional (Shen et al., 2006) it could be thought of as a bond percolation

Fig. 5. Grid of wireless ad hoc network nodes
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(iii) At the critical point: Firstly, does there exist an infinite open cluster when p = pc? The
answer is known to be negative when d = 2 or d ≥ 19, and is generally believed to be
negative for all d ≥ 2. Therefore we would have

Ppc (∣C∣ ≥ n) ≈ n
−1
δ ; as n → ∞

Near the critical point as p → pc from above or beneath, quantities such as θ(p) and χ(p)
behave as powers of ∣p − pc∣. In (Grimmett, 1999) it is conjectured that the following limits
exist:

γ = − lim
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logθ(p)
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To conclude this section on percolation we would present one last theorem which relates
threshold probabilities in bond and site percolations.

Theorem 4. Let G=(V,E) be an infinite connected graph with countably many edges, origin 0, and
maximum vertex degree ∆(< ∞). The critical probabilities of G satisfy
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c ≤ 1 − (1 − pbond
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2.2.5 In the context of probabilistic flooding
Having gone through some preliminary results in percolation theory, it is all the more impor-
tant to understand what they mean in the context of probabilistic flooding. Like we mentioned
earlier, (Sasson et al., 2002) talks at length about application of percolation theory to the prob-
abilistic flooding scheme. The first step would be to develop a model for the probabilistic
flooding. As described in (Sasson et al., 2002), given a broadcast source node S, let GB be the
connected subgraph of G representing all nodes that will receive the broadcasted message by
flooding (S ∈ GB). GB may be thought of as an infinite open cluster as defined in the earlier
section. The key is to have the connectivity but getting rid of some edges which only increase
redundancy. So essentially, operating above the percolation threshold pc of GB, we can ensure
connectivity while reducing the number of edges at the same time.
In (Sasson et al., 2002), the authors have considered two models:

(1) 2 X 2 grid(Fig. 5), where nodes are placed at every intersection. This model assumes that
the nodes are immobile and have the same fixed radius of transmission R. Limitation of
this approach are - lack of mobility in the network, restriction on the number of nodes
in the neighborhood of a particular node to 4 and ofcourse ideal network conditions are
assumed. Despite the fact that there exists these drawbacks, it still helps to answer a
few questions given such idealistic network conditions.

(2) The second model is that of a fixed radius model as described in (Krishnamachari et al.,
2001). This takes into account more realistic network conditions like mobility and non-
constant number of neighbors.

In the scenario 1, we can model the 2 X 2 grid as a square lattice in 2 dimensions. Results
obtained in percolation theory on 2-D square lattices can be applied to this model. Since we
are considering omni-directional flooding here, we can think of it as site percolation, where as
if the broadcast was directional (Shen et al., 2006) it could be thought of as a bond percolation
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problem on square lattice. Infact, as we know from the above section on percolation that
the critical probabilities in bond percolation is lesser than that of critical probabilities in site
percolation. Thus it could optimize flooding even further. The scenario 2 has been simulated
on the NS2 and critical probabilities have been estimated to be far lesser than the percolation
threshold.
Having presented the application of percolation theory to probabilistic flooding, we need to
relook at the assumptions we have made while applying them to probabilistic flooding. One
of the fundamental aspects of percolation theory is that it is studied on infinite lattices and the
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negative for all d ≥ 2. Therefore we would have
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Near the critical point as p → pc from above or beneath, quantities such as θ(p) and χ(p)
behave as powers of ∣p − pc∣. In (Grimmett, 1999) it is conjectured that the following limits
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To conclude this section on percolation we would present one last theorem which relates
threshold probabilities in bond and site percolations.

Theorem 4. Let G=(V,E) be an infinite connected graph with countably many edges, origin 0, and
maximum vertex degree ∆(< ∞). The critical probabilities of G satisfy
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2.2.5 In the context of probabilistic flooding
Having gone through some preliminary results in percolation theory, it is all the more impor-
tant to understand what they mean in the context of probabilistic flooding. Like we mentioned
earlier, (Sasson et al., 2002) talks at length about application of percolation theory to the prob-
abilistic flooding scheme. The first step would be to develop a model for the probabilistic
flooding. As described in (Sasson et al., 2002), given a broadcast source node S, let GB be the
connected subgraph of G representing all nodes that will receive the broadcasted message by
flooding (S ∈ GB). GB may be thought of as an infinite open cluster as defined in the earlier
section. The key is to have the connectivity but getting rid of some edges which only increase
redundancy. So essentially, operating above the percolation threshold pc of GB, we can ensure
connectivity while reducing the number of edges at the same time.
In (Sasson et al., 2002), the authors have considered two models:

(1) 2 X 2 grid(Fig. 5), where nodes are placed at every intersection. This model assumes that
the nodes are immobile and have the same fixed radius of transmission R. Limitation of
this approach are - lack of mobility in the network, restriction on the number of nodes
in the neighborhood of a particular node to 4 and ofcourse ideal network conditions are
assumed. Despite the fact that there exists these drawbacks, it still helps to answer a
few questions given such idealistic network conditions.

(2) The second model is that of a fixed radius model as described in (Krishnamachari et al.,
2001). This takes into account more realistic network conditions like mobility and non-
constant number of neighbors.

In the scenario 1, we can model the 2 X 2 grid as a square lattice in 2 dimensions. Results
obtained in percolation theory on 2-D square lattices can be applied to this model. Since we
are considering omni-directional flooding here, we can think of it as site percolation, where as
if the broadcast was directional (Shen et al., 2006) it could be thought of as a bond percolation
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problem on square lattice. Infact, as we know from the above section on percolation that
the critical probabilities in bond percolation is lesser than that of critical probabilities in site
percolation. Thus it could optimize flooding even further. The scenario 2 has been simulated
on the NS2 and critical probabilities have been estimated to be far lesser than the percolation
threshold.
Having presented the application of percolation theory to probabilistic flooding, we need to
relook at the assumptions we have made while applying them to probabilistic flooding. One
of the fundamental aspects of percolation theory is that it is studied on infinite lattices and the
results can not entirely hold true for finite lattices which is the case in the MANETs. So the
questions we earlier posed need to be modified a little now. For example, we would no longer
be concerned about existence of infinite open cluster but we would want to understand how
the size of the largest cluster(as opposed infinite cluster) varies with changing probability and
the size of the network.

2.2.6 Finite size scaling (Stauffer & Aharony, 1992)
What happens to the various quantities of interest near the percolation threshold in a large but
finite lattice? Of course, even for p far below pc the system has a largest cluster. But only for
p > pc is the size of the largest cluster of the order of the system size. The question as phrased
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where

r0 =
s

∑
i=1

ri
s

is the center of mass of the cluster, where ri is the position of the ith occupied site in the cluster. If we
average all clusters having a size of s,the average of the squared radii is denoted as R2

s .

At p = pc the radius(Rs) of the largest cluster will be of the order of the system length (Stauffer
& Aharony, 1992) L,

Rs ∝ L

Also at p = pc, we have,
Rs ∝ s

1
D

Thus the condition for the largest cluster is:

L ∝ s
1
D

where D is called the fractal dimension. Above pc, the mass s of the largest cluster increases as
Ld which means that it is no longer a fractal but D = d as for finite clusters.
Another view of of finite scaling shifts the focus from the critical probability to the crossover
length(ξ ∝ (p − pc)−ν). The mass of the largest cluster s is proportional to LD, as long as L is
much smaller than the crossover length ξ. On the other hand if L > ξ, the mass of the largest
cluster is propotional to PLd, where P ∝ (p − pc)β.
Also the theoretical value of D is computed as:

D = d − β

ν
where d is the dimension of the lattice and this hyperscaling works for d < 6

Kapitulnik et al.(1984) showed that the values of ν = 1.33 and β = 0.14. Therefore in 2 dimen-
sions, D = 1.896 and in 3 dimensions, D = 2.5 (Stauffer & Aharony, 1992). From this section
on finite size scaling we can conclude,

M(mass of the largest cluster) ∝
{

LD when L < ξ

PLd when L > ξ

for d = 2, we have D = 1.896.

2.2.7 Finite size scaling in the context of probabilistic flooding
Once we get back to our original problem of determining how well probabilistic flooding
performs, we try to answer at what values of broadcast probability would all the nodes in the
network be reachable. Since our networks are finite, the analysis provided in the previous
section would be more apt. To model the wireless ad hoc network, we consider the same 2 X
2 square lattice(scenario (i)) discussed earlier.
We aspire to have the number of nodes that get the broadcasted message to be proportional
to the total number of nodes in the network. Given the size of the network in 1 dimension is
L, and since its a 2-dimensional square, total nodes in the network are L2. Basing on what we
presented in the finite scaling section, we can claim that,

# nodes that rebroascasted message

∝

{
#of nodes in 1 dimension1.9 when #of nodes in 1 dimension < ξ

P × #of nodes in 1 dimension2 when #of nodes in 1 dimension > ξ

Also,

Total # of nodes that received the broadcasted message(Tbr)

=
# nodes that rebroascasted message +

its perimeter(t)

Perimeter : is defined as the total number of nodes(non-rebroadcasting) that are immediate
neighbors of nodes that rebroadcast.
The above relation holds because, even if a node decides not to rebroadcast, it still can receive
the broadcasted message if any of its neighbors had rebroadcasted it.
This result is quite different from what we have seen earlier. It basically tells us that # of nodes
that receive broadcasted message will by propotional to the total # of nodes in the network if
the size of the network in 1 dimension is greater than the crossover length. So its not sufficient
to operate with p > pc but we need to ensure L > ξ for successful broadcast. We can infer from
the proportionalities that the closer(but lesser) the value of ξ we choose to L the lesser will be
the required broadcast probability p to broadcast the entire network. For a given lattice of size
L1 X L1, we need to check what the closest value of crossover length(ξ) is and then determine
the corresponding p. Although we mostly have proportionalities a more accurate value can
be estimated using simulations.
Another interesting point to note here is, when operating at p = pc, the value of crossover
length(ξ) is infinite, hence no matter what the size of the lattice is, the mass of the largest
cluster would vary as L1.9 and not L2. So it is definitely advisable to operate above pc. In
order to verify our conclusions, we check the results obtained from simulation. Since we know
pc = 0.59 (Stauffer & Aharony, 1992) for a 2D square lattice, using the relation(ξ ∝ (p − pc)−ν)
we can generate a table corresponding to p and ξ(Table 2).

p ξ ∝
0.59 ∞
0.6 457

0.65 42
0.7 18

0.75 12
0.8 8

0.85 6
0.9 5

0.95 4

Table 2. p and corresponding crossover length ξ value (Kadiyala & Sunitha, 2008)
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The above relation holds because, even if a node decides not to rebroadcast, it still can receive
the broadcasted message if any of its neighbors had rebroadcasted it.
This result is quite different from what we have seen earlier. It basically tells us that # of nodes
that receive broadcasted message will by propotional to the total # of nodes in the network if
the size of the network in 1 dimension is greater than the crossover length. So its not sufficient
to operate with p > pc but we need to ensure L > ξ for successful broadcast. We can infer from
the proportionalities that the closer(but lesser) the value of ξ we choose to L the lesser will be
the required broadcast probability p to broadcast the entire network. For a given lattice of size
L1 X L1, we need to check what the closest value of crossover length(ξ) is and then determine
the corresponding p. Although we mostly have proportionalities a more accurate value can
be estimated using simulations.
Another interesting point to note here is, when operating at p = pc, the value of crossover
length(ξ) is infinite, hence no matter what the size of the lattice is, the mass of the largest
cluster would vary as L1.9 and not L2. So it is definitely advisable to operate above pc. In
order to verify our conclusions, we check the results obtained from simulation. Since we know
pc = 0.59 (Stauffer & Aharony, 1992) for a 2D square lattice, using the relation(ξ ∝ (p − pc)−ν)
we can generate a table corresponding to p and ξ(Table 2).

p ξ ∝
0.59 ∞
0.6 457

0.65 42
0.7 18

0.75 12
0.8 8

0.85 6
0.9 5

0.95 4

Table 2. p and corresponding crossover length ξ value (Kadiyala & Sunitha, 2008)



Recent Advances in Technologies338

where

r0 =
s

∑
i=1

ri
s

is the center of mass of the cluster, where ri is the position of the ith occupied site in the cluster. If we
average all clusters having a size of s,the average of the squared radii is denoted as R2

s .

At p = pc the radius(Rs) of the largest cluster will be of the order of the system length (Stauffer
& Aharony, 1992) L,

Rs ∝ L

Also at p = pc, we have,
Rs ∝ s

1
D

Thus the condition for the largest cluster is:

L ∝ s
1
D
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network be reachable. Since our networks are finite, the analysis provided in the previous
section would be more apt. To model the wireless ad hoc network, we consider the same 2 X
2 square lattice(scenario (i)) discussed earlier.
We aspire to have the number of nodes that get the broadcasted message to be proportional
to the total number of nodes in the network. Given the size of the network in 1 dimension is
L, and since its a 2-dimensional square, total nodes in the network are L2. Basing on what we
presented in the finite scaling section, we can claim that,
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2.2.8 Simulated Results
There are two sets of simulations that would help us verify our results so far. Firstly, to verfiy
our equations we can simulate a 2 dimensional square lattice on MATLAB and study site per-
colation on it. In (Kadiyala & Sunitha, 2008), we have studied the simulation and it invovles:

(i) Generating random numbers and depending on the value of connection probability
either place an open or closed site.

(ii) Using the Hoshmen Kopelman (Babalievski, 1998) algorithm, percolating labels8

through the lattice.

(iii) Estimated the size of the largest cluster in the lattice for varying sizes of lattice for a
particular value of connection probability p.

The second set of simulations would involve simulation of a wireless ad hoc network on a 2
X 2 grid. In (Kadiyala & Sunitha, 2008) such a study has been done. The simulation involved
the following:

(i) Decided with a probability p if each node rebroadcasts or not to its neighbours in the
vertical and horizontal direction.

(ii) Broadcasting a message from a different node every time, we calculated the number of
nodes which are actually receiving it.

The Table 2 basically gives us the following information: Given a wireless ad hoc network
with L X L number of nodes in it, we can select the value of crossover length(ξ) closest to L
but lesser than L. Then depending on what the value of the crossover length is one can select
the corresponding value of broadcast probability p from the above table. Also what can be
inferred from above table is that, operating at p = pc = 0.59, we cannot reach all nodes of the
network(since L ∝ ∞). For a more realisticscenario of the number of nodes(≈ 100 nodes) in
the network, we could check that the broadcast probability(p) needs to be around 0.8
One of the major issues while applying percolation theory to wireless ad hoc networks is that,
percolation is studied on infinite static systems where as realistic wireless ad hoc networks
are finite and mobile. One way is to consider finite size scaling which deals with one of the
problems.
Apart from the probabilistic flooding scheme we so far looked at, there are other classes of
broadcasting techniques such as area based methods and neighbor based method (Williams
& Camp, 2002). The following sections would briefly introduce those ideas.

2.3 Area Based Methods
The idea behind area based method is calculation of the additional distance that can covered
by a new rebroadcast. As shown earlier, the additional distance covered is highest when the
receiving node is on the boundary of the hosts transmission range (≈ 61% (Sze-Yao et al.,
1999)).A node using an area based method can evaluate additional coverage area based on all
received redundant transmissions. This could determine whether the node rebroadcasts the
packet into the network or not. Some of the area based methods suggested in (Williams &
Camp, 2002) Distance Based and Location Based. The distance based is briefly explained in
the following.

8 are equivalent of packets,open sites that are neighbors would share the same label.

2.3.1 Distance Based Scheme
∙ Using Random Assessment Delay

∙ Estimating the distance d between sender and receiver by signal strength

∙ Calculate the additional coverage by d(additional coverage = πr2 − INTC(d))

∙ If the additional coverage which is calculated by the minimum distance is more than
a threshold value when the RAD expires, the packet is rebroadcast. Otherwise, it is
simply dropped

2.4 Neighbor Knowledge Methods
The simplest of the simplest neighbor knowledge method suggest in (Lim & Kim, 2000) is
referred to as the Self Pruning. This approach requires each node to have information about its
1-hop neighbors and this is made possible through Hello packets. Each broadcasted message
has the list of neighbors of the node that sent the message. Upon receiving, a node compares
its list of neighbors to the sender’s list of neighbors. Depending on whether it would reach to
any additional node, it decides either to rebroadcast or not. The Dominant Pruning extends
this same logic to 2-hop apart nodes. This can be obtained by exchanging adjacent node lists
with neighbors. This would certainly perform better than the self pruning scheme because
of the additional information a node can get. Also in the case of dominant pruning, sending
node selectes the adjacent nodes that should relay the packet to complete broacast unlike self
pruning where every node decides for itself. Some of the neighbor knowledge based methods
presented in (Williams & Camp, 2002) are:

(1) Flooding with Self Pruning

(2) Scalable Broadcast Algorithm

(3) Dominant Pruning

(4) Multipoint Relaying

(5) Ad Hoc Broadcast Protocol

(6) CDS-Based Broadcast Algorithm

(7) LENWB

3. Conclusion

Broadcasting as mentioned in the introduction of the chapter is a very essential operation in
wireless ad hoc networks. It helps not just in route discovery but also in emergency condi-
tions. Because of the constraints that the network being wireless and ad hoc at the same time,
puts forward, finding an optimum solution is a challenge. Bringing in uncertainity into the
system would be one way of optimizing the broadcasting operation. A more effective way
to use this probabilistic broadcasting operation is to introduce some intelligence into the sys-
tem. Intelligence in the form of neighborhood information, tranmission ranges would be very
useful. In particular, if the network is very sparse it would make sense to use higher value
of broadcast probability and vice versa. This idea has been explored in (Zhang & Agrawal,
2005).
Another way to optimize the broadcasting operation is by ensuring that instead of hav-
ing a common optimum tranmission range a variable tranmission range (Member-Gomez &
Member-Campbell, 2007) could be used to increase the capacity (Gupta & Kumar, 2000) of the
network.

Probabilistic Broadcasting in Wireless Ad Hoc Networks 341

2.2.8 Simulated Results
There are two sets of simulations that would help us verify our results so far. Firstly, to verfiy
our equations we can simulate a 2 dimensional square lattice on MATLAB and study site per-
colation on it. In (Kadiyala & Sunitha, 2008), we have studied the simulation and it invovles:

(i) Generating random numbers and depending on the value of connection probability
either place an open or closed site.

(ii) Using the Hoshmen Kopelman (Babalievski, 1998) algorithm, percolating labels8

through the lattice.

(iii) Estimated the size of the largest cluster in the lattice for varying sizes of lattice for a
particular value of connection probability p.

The second set of simulations would involve simulation of a wireless ad hoc network on a 2
X 2 grid. In (Kadiyala & Sunitha, 2008) such a study has been done. The simulation involved
the following:

(i) Decided with a probability p if each node rebroadcasts or not to its neighbours in the
vertical and horizontal direction.

(ii) Broadcasting a message from a different node every time, we calculated the number of
nodes which are actually receiving it.

The Table 2 basically gives us the following information: Given a wireless ad hoc network
with L X L number of nodes in it, we can select the value of crossover length(ξ) closest to L
but lesser than L. Then depending on what the value of the crossover length is one can select
the corresponding value of broadcast probability p from the above table. Also what can be
inferred from above table is that, operating at p = pc = 0.59, we cannot reach all nodes of the
network(since L ∝ ∞). For a more realisticscenario of the number of nodes(≈ 100 nodes) in
the network, we could check that the broadcast probability(p) needs to be around 0.8
One of the major issues while applying percolation theory to wireless ad hoc networks is that,
percolation is studied on infinite static systems where as realistic wireless ad hoc networks
are finite and mobile. One way is to consider finite size scaling which deals with one of the
problems.
Apart from the probabilistic flooding scheme we so far looked at, there are other classes of
broadcasting techniques such as area based methods and neighbor based method (Williams
& Camp, 2002). The following sections would briefly introduce those ideas.

2.3 Area Based Methods
The idea behind area based method is calculation of the additional distance that can covered
by a new rebroadcast. As shown earlier, the additional distance covered is highest when the
receiving node is on the boundary of the hosts transmission range (≈ 61% (Sze-Yao et al.,
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this same logic to 2-hop apart nodes. This can be obtained by exchanging adjacent node lists
with neighbors. This would certainly perform better than the self pruning scheme because
of the additional information a node can get. Also in the case of dominant pruning, sending
node selectes the adjacent nodes that should relay the packet to complete broacast unlike self
pruning where every node decides for itself. Some of the neighbor knowledge based methods
presented in (Williams & Camp, 2002) are:

(1) Flooding with Self Pruning

(2) Scalable Broadcast Algorithm

(3) Dominant Pruning

(4) Multipoint Relaying

(5) Ad Hoc Broadcast Protocol

(6) CDS-Based Broadcast Algorithm

(7) LENWB

3. Conclusion

Broadcasting as mentioned in the introduction of the chapter is a very essential operation in
wireless ad hoc networks. It helps not just in route discovery but also in emergency condi-
tions. Because of the constraints that the network being wireless and ad hoc at the same time,
puts forward, finding an optimum solution is a challenge. Bringing in uncertainity into the
system would be one way of optimizing the broadcasting operation. A more effective way
to use this probabilistic broadcasting operation is to introduce some intelligence into the sys-
tem. Intelligence in the form of neighborhood information, tranmission ranges would be very
useful. In particular, if the network is very sparse it would make sense to use higher value
of broadcast probability and vice versa. This idea has been explored in (Zhang & Agrawal,
2005).
Another way to optimize the broadcasting operation is by ensuring that instead of hav-
ing a common optimum tranmission range a variable tranmission range (Member-Gomez &
Member-Campbell, 2007) could be used to increase the capacity (Gupta & Kumar, 2000) of the
network.
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It is plausible to say that rebroadcast probability should be a function of the neighbour density,
i.e., if the number of nodes in the neighbourhood is high, we could use a smaller broadcast
probability and vice versa. This argument leads to another interesting point which is, the
neighbour density of a node is a function of the transmission range, i.e. a node with larger
transmission range is likely to have more number of neighbours purely by the virtue of its
reachibility. What we can hence conclude is that, there is an inherent relation between the
rebroadcast probability and transmission range of the node. It would thus be very interest-
ing to work on dynamically changing rebroadcast probability(p) and transmission range(R)
simultaneously with a logic implemented with it. The logic could be as simple as, a node with
large transmission range has lower rebroadcast probability and vice versa with,

Rp = k (constant)

The other interesting result that percolation theory gives us is the value of pc ≈ 0.246 for a BCC
lattice. That is the broadcast operation in a 3D wireless ad hoc network can be optimized fur-
ther. To be arrive at the exact values of broadcast probability for 3D wireless ad hoc networks,
one has to do a similar research as we has been done for 2D wireless ad hoc networks.
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1. Introduction 
 

The mobile and wireless communications entered this century with an extraordinary 
thrust, as earlier perceived by observing the continual research and development 
activities, and as evidenced by the increasing levels of acceptance and penetration of such 
technology on a world wide scale. It is likely that 4G will follow in progression after 3G 
and it appears as an ultra-high speed broadband wireless network (Bohlin et al., 2004). 
The main challenges in 4G are reduced power, complexity on terminals and spectral 
efficiency. To target advanced services without the need to increase the power 
requirements is considered as one of the most important factors for the success of 4G 
systems. Space or multiple antenna diversity techniques in combination with time and 
frequency diversity are commonly used and to improve spectral efficiency in addition. 
This is not practical for a small mobile handset. To obtain the same capacity and diversity 
an alternative method is proposed known as cooperative networks (Sendonaris et al., 
2003; Laneman, 2004). In a cooperative network, virtual multiple antenna arrays are 
generated due to the cooperation of multiple relays. For these networks the diversity that 
can be obtained is equal to the number of multiple paths between source and destination 
(Anghel & Kavehl, 2003; Ikki & Ahmed, 2007; Tsiftsis et al., 2004). Cooperative diversity 
can be obtained from single antenna mobiles to bring in the advantage of multiple inputs 
multiple output (MIMO) systems. In this type of communication intermediate terminals 
are used to relay the information from source to destination (Yuksel & Erkip, 2003). The 
terminals are used to transmit there data, as well as to relay the information from other 
users to introduce cooperative diversity. 

 
2. Non-Cooperation (NC) 
 

The received signal at the destination, for direct transmission from source ( s ) to 
destination ( D ) without any relaying, is given by: 
 

( ) ( ) ( )sd sd b dy n h n E x n n                                                (1) 
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h is the channel coefficient between user s and d at time n , bE is the transmitted 

energy per bit, s  is a BPSK signal and ( )dn n is Additive white Gaussian noise with power  
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where (.)Q is the standard Gaussian error function. The average error probability can be 

obtained by taking the average of above equation over sd . 

 
3. Hop Cooperative Networks 
The conventional 2-hop cooperative network is shown in the Figure 1 , where the signal 
from source reaches the destination through direct path (S→D) as well as indirect path in 
two stages (S→R, R→D). 
 

 
Fig. 1. 2-hop Cooperative Network 

 
3.1. Relaying Architecture 
Figure 2 shows various relaying architectures. Figure 2(a) is the two hop network, used 
for relaying the information to the destination. At the heart of cooperative communication 

 

is the classical relay architecture as shown in Figure 2 (b), also known as three body 
problem. In the figure S is the source, R is the relay and D is the destination terminal. The 
source broadcasts the signal to both the relay and the destination. The relay then 
retransmits the information to the destination. When the destination is unable to hear the 
source, the architecture reduces to the case of a cascade multihop communication of 
Figure 2(a). Figure 2(c) is a user cooperation case, where other user is used as a relay. For 
certain services there is a need to use more than one relays, in order to improve the 
system performance as shown in Figure 2(d), known as multiple relay network. Figure 
2(e) shows the cooperative network with inter relay cooperation, where the relays also 
communicate with each other. 
 

 
Fig. 2. Relaying Architectures (a) multi-hop cooperation (b) single-relay cooperation (c) 
user cooperation (d) multiple-relay cooperation (e) inter-relay cooperation 

 
3.2. Relaying Schemes 
In TDMA, the relay always forward the received signal from the source to the destination 
in the next time slot. These relaying schemes are given below: 

 Fixed Relaying Schemes: Fixed relaying schemes are further divided into two main 
parts; i.e. Amplify and Forward (AF) and Decode and Forward (DF) relaying 
schemes. In AF, the relay forward the scaled version of the message received 
from the source. The main disadvantage of this scheme is that the relay amplifies 
the noise along with the original signal. On the other hand it is easier to 
implement. For the fixed gain relay the amplification factor will be equal to 
(Hasna & Alouini, 2004): 
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Fig. 2. Relaying Architectures (a) multi-hop cooperation (b) single-relay cooperation (c) 
user cooperation (d) multiple-relay cooperation (e) inter-relay cooperation 

 
3.2. Relaying Schemes 
In TDMA, the relay always forward the received signal from the source to the destination 
in the next time slot. These relaying schemes are given below: 

 Fixed Relaying Schemes: Fixed relaying schemes are further divided into two main 
parts; i.e. Amplify and Forward (AF) and Decode and Forward (DF) relaying 
schemes. In AF, the relay forward the scaled version of the message received 
from the source. The main disadvantage of this scheme is that the relay amplifies 
the noise along with the original signal. On the other hand it is easier to 
implement. For the fixed gain relay the amplification factor will be equal to 
(Hasna & Alouini, 2004): 
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where C is a positive constant number. For Variable gain relay the amplification 
factor depends on the channel srh  (coefficients the channel between source and 
destination) and is given as (Tsiftsis et al., 2006): 
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where srE is the average energy of transmission from source to relay. In decode-
and-forward (DF), the relay demodulates and decodes the received signal to 
estimate the transmitted signal before retransmission. 

 Selection Relaying Schemes: The selection relaying was proposed by Laneman et 
al., in which only some of the relays are allowed to forward the signal from the 
source. Only those relays with amplitude of fading gains between source and the 
relay greater than the threshold value will be allowed to relay the signal 
(Laneman et al., 2004). 

 Incremental Relaying: The incremental relaying was proposed by Laneman et al., 
in which the destination directs the relay to forward the signal from source on 
the bases of the SNR value between source and destination. If SNR value is very 
high then the destination asked the relay not to forward the signal from source 
(Laneman et al., 2004). From the bit error rate performance comparison of all 
relaying protocols, the incremental relaying protocol gives a better performance 
(Jittilertwirum et al., 2007). 

 
3.3. Multi-hop Transmission 
Consider the multi-hop wireless system shown in the Figure 3. There are 1L  number of 
intermediate nodes between source and destination for L hop network. These 
intermediate nodes work as Amplify-and-forward (AF) relays.  
 

 
Fig. 3. Multi-hop communication system 
 
The gain of i-th relay to satisfy the power constraint will be given as (Laneman and 
Wornell, 2000): 
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Oishi et al. analyze the FER performance of the multi-hop cooperative networks using 
state transition and the theoretical showed that the performance can be improved by 
increasing the number of hops (Oishi et al., 2008). 

 
3.4. Transmission Protocols 
The transmission of the signal from source (S) to destination (D) through relays (R) takes 
place on different protocols explained below: 

 
3.4.1. TDMA based Transmission Protocols 

 Two time slots TDMA based transmission protocol: Three different TDMA-based 
protocols for the transmission of signal from Source to destination was proposed 
by Nabar (Nabar et al., 2004) as shown in Table 1.  

 
Time Slot/Protocol I II III 

1 S→R,D S→R,D S→R 
2 S→D, 

R→D 
R→D S→D, R→D 

Table 1. Two time slots TDMA based Transmission Protocols 
 

 Three time slots TDMA based transmission protocol:  In (Fares et al., 2008), a three 
time slots TDMA based protocol was proposed with one extra time slot for inter 
relay communication. In this protocol source S transmits signal s(t) to destination 
D and relays R at the same time which are summarized in the Table 2. In time 
slot one, the source node S transmits the unit signal s(t) to destination D and 
relays R (i = 1, 2). In time slot two, there is inter-relay communications and the 
relays are using amplify-and-forward (AF) scheme. The best relay will be chosen 
on the basis of highest SNR for the source relay channel. It normalizes and 
retransmit the received signal to other relay as shown in Table 2. As the relay 2 
receives two signals, one from source and other from relay 1, so it combines 
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Oishi et al. analyze the FER performance of the multi-hop cooperative networks using 
state transition and the theoretical showed that the performance can be improved by 
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3.4. Transmission Protocols 
The transmission of the signal from source (S) to destination (D) through relays (R) takes 
place on different protocols explained below: 

 
3.4.1. TDMA based Transmission Protocols 

 Two time slots TDMA based transmission protocol: Three different TDMA-based 
protocols for the transmission of signal from Source to destination was proposed 
by Nabar (Nabar et al., 2004) as shown in Table 1.  

 
Time Slot/Protocol I II III 

1 S→R,D S→R,D S→R 
2 S→D, 

R→D 
R→D S→D, R→D 

Table 1. Two time slots TDMA based Transmission Protocols 
 

 Three time slots TDMA based transmission protocol:  In (Fares et al., 2008), a three 
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Oishi et al. analyze the FER performance of the multi-hop cooperative networks using 
state transition and the theoretical showed that the performance can be improved by 
increasing the number of hops (Oishi et al., 2008). 
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relays are using amplify-and-forward (AF) scheme. The best relay will be chosen 
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where srE is the average energy of transmission from source to relay. In decode-
and-forward (DF), the relay demodulates and decodes the received signal to 
estimate the transmitted signal before retransmission. 

 Selection Relaying Schemes: The selection relaying was proposed by Laneman et 
al., in which only some of the relays are allowed to forward the signal from the 
source. Only those relays with amplitude of fading gains between source and the 
relay greater than the threshold value will be allowed to relay the signal 
(Laneman et al., 2004). 

 Incremental Relaying: The incremental relaying was proposed by Laneman et al., 
in which the destination directs the relay to forward the signal from source on 
the bases of the SNR value between source and destination. If SNR value is very 
high then the destination asked the relay not to forward the signal from source 
(Laneman et al., 2004). From the bit error rate performance comparison of all 
relaying protocols, the incremental relaying protocol gives a better performance 
(Jittilertwirum et al., 2007). 

 
3.3. Multi-hop Transmission 
Consider the multi-hop wireless system shown in the Figure 3. There are 1L  number of 
intermediate nodes between source and destination for L hop network. These 
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Oishi et al. analyze the FER performance of the multi-hop cooperative networks using 
state transition and the theoretical showed that the performance can be improved by 
increasing the number of hops (Oishi et al., 2008). 
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The transmission of the signal from source (S) to destination (D) through relays (R) takes 
place on different protocols explained below: 

 
3.4.1. TDMA based Transmission Protocols 

 Two time slots TDMA based transmission protocol: Three different TDMA-based 
protocols for the transmission of signal from Source to destination was proposed 
by Nabar (Nabar et al., 2004) as shown in Table 1.  
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 Three time slots TDMA based transmission protocol:  In (Fares et al., 2008), a three 
time slots TDMA based protocol was proposed with one extra time slot for inter 
relay communication. In this protocol source S transmits signal s(t) to destination 
D and relays R at the same time which are summarized in the Table 2. In time 
slot one, the source node S transmits the unit signal s(t) to destination D and 
relays R (i = 1, 2). In time slot two, there is inter-relay communications and the 
relays are using amplify-and-forward (AF) scheme. The best relay will be chosen 
on the basis of highest SNR for the source relay channel. It normalizes and 
retransmit the received signal to other relay as shown in Table 2. As the relay 2 
receives two signals, one from source and other from relay 1, so it combines 
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coherently the received signals by using the adaptive antenna array (AAA) 
algorithm. After normalizing the signal by both relays, the signals are 
retransmited to the destination in time slot three and the signals from source and 
relays are combined constructively by using MRC combining cooperative 
diversity. 

 
Time Slot 1 

 
Time Slot 2 

 
Time Slot 3 

 

S→R,D R→R R→D 

Table 2. Three time slots TDMA based Transmission Protocols 

 
3.4.2. Hybrid FDMA-TDMA based Transmission Protocols 
A hybrid FDMA-TDMA based transmission protocol is shown  in Table 3 (Adeane et. al., 
2005; Khan et. al., 2009). Different frequencies are allocated to each user i.e. 

1
f  to user 1 

(U1) and 
2

f to user 2 (U2). Each time slot is further divided into two orthogonal slots. In 
each frequency band, there are two time frames, one frame is allocated for sending its 
own information and the second one is to relay the information bits of other user. In first 
frame U1 at frequency 

1
f and U2 at frequency 

2
f  transmit their own information to each 

other and destination (D) and ind second time interval U2 transmits U1’s information and 
U1 transmits U2’s information to D. Hence D receives two signals from each user, i.e. one 
through the direct path and one through the other user. 
 

 Frame 1 
 

Frame 1 
 

At 1f  U1→U2,D U1→ D 

At 2f  U2→U1,D U2→ D 

Table 3. Hybrid FDMA-TDMA based Transmission Protocols 

 
3.4.3. OFDM-based Cooperative Protocol 
OFDM-based cooperative protocol is based on the incremental relaying protocol, In which 
other users relay the information for the other user only in the case of direct path failure 
(Siriwongpairat et al., 2008). The protocol consists of two phases: 
Phase 1: Each user transmits its packet to the destination and relay.The destination 
estimates the channel from the received signal using OFDM pilot symbols. Destination 
broadcasts the indices of the subcarriers of the symbols having SNR less than threshold 
value. This feedback will enable relay to forward these source information. 
Phase 2: The relay decodes the source symbols that are unsuccessfully received by the 
destination and forwards it to the destination. 

 
 
 

 

4. Best Relay Selection 
 

In multiple relay networks, the ‘best’ relay selection depends on the source-relay (S−R) 
and Relay-destination (R−D) paths. 

 
4.1 SNR-based Selection 
The relay is selected by comparing the equivalent SNR (  ) value of 2-hop links from 
source to destination through relays (Adinoyi et al., 2008). This is expressed as 
 

max min( , )r sr rd    
 

where sr  and rd  are the instantaneous SNRs of the S→R and R→D  links respectively. 
The final equivalent SNR taken at the destination, is the minimum SNR of S→R and R→D 
links. Elfituri et al. proposed antenna/relay selection for coded cooperative system in DF 
mode with single source, a multiple-antenna relay and single destination (Elfituri et al., 
2008). The relay has Rn  number of antennas and selects the signal with the largest SNR 

from these Rn  signals. The analytical results show that the scheme proposed in (Elfituri et 
al., 2008) obtains full diversity. With the antenna selection the DF mode can be used even 
if the relay is far away from the source. 

 
4.2 Channel Power-based Selection 
The channel characteristics-based selection is the simplest scheme for the ‘best’ relay 
selection. Gunawardena and Rajatheva proposed a scheme where the relay is selected, 
having the maximum srh  (source-relay channel gain) (Gunawardena & Rajatheva, 2008). 
However the destination can also pick the relay with the highest channel gain between 
relay and destination (Beres and Adve, 2008). Bletsas et al. considered both the channels 
i.e. from source to relay ( srh ) and relay to destination ( rdh ) (Bletsas et al., 2006), as both 
channels are very important to the end to end performance. The relay i is selected as ‘best’ 
relay using the following criteria (Beres & Adve, 2008; Gunawardena and Rajatheva, 
2008): 
 

 2 2min | | , | |i sr rdh h h  

 
Madan et al. proposed a scheme for selecting a subset of relays in multi relay 
communication. Here, the source first broadcasts the single message to relays and 
destination. The relays that receive the data with specific high SNR can forward the 
message to the destination. These initially selected relays send the training sequence to 
the destination. The destination estimates the channel state and selects the number of 
relays for the communication by giving feedback to those selected nodes (Madan et al., 
2008; Luo et al., 2007). 
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 Frame 1 
 

Frame 1 
 

At 1f  U1→U2,D U1→ D 

At 2f  U2→U1,D U2→ D 
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other users relay the information for the other user only in the case of direct path failure 
(Siriwongpairat et al., 2008). The protocol consists of two phases: 
Phase 1: Each user transmits its packet to the destination and relay.The destination 
estimates the channel from the received signal using OFDM pilot symbols. Destination 
broadcasts the indices of the subcarriers of the symbols having SNR less than threshold 
value. This feedback will enable relay to forward these source information. 
Phase 2: The relay decodes the source symbols that are unsuccessfully received by the 
destination and forwards it to the destination. 

 
 
 

 

4. Best Relay Selection 
 

In multiple relay networks, the ‘best’ relay selection depends on the source-relay (S−R) 
and Relay-destination (R−D) paths. 

 
4.1 SNR-based Selection 
The relay is selected by comparing the equivalent SNR (  ) value of 2-hop links from 
source to destination through relays (Adinoyi et al., 2008). This is expressed as 
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where sr  and rd  are the instantaneous SNRs of the S→R and R→D  links respectively. 
The final equivalent SNR taken at the destination, is the minimum SNR of S→R and R→D 
links. Elfituri et al. proposed antenna/relay selection for coded cooperative system in DF 
mode with single source, a multiple-antenna relay and single destination (Elfituri et al., 
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from these Rn  signals. The analytical results show that the scheme proposed in (Elfituri et 
al., 2008) obtains full diversity. With the antenna selection the DF mode can be used even 
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4.2 Channel Power-based Selection 
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selection. Gunawardena and Rajatheva proposed a scheme where the relay is selected, 
having the maximum srh  (source-relay channel gain) (Gunawardena & Rajatheva, 2008). 
However the destination can also pick the relay with the highest channel gain between 
relay and destination (Beres and Adve, 2008). Bletsas et al. considered both the channels 
i.e. from source to relay ( srh ) and relay to destination ( rdh ) (Bletsas et al., 2006), as both 
channels are very important to the end to end performance. The relay i is selected as ‘best’ 
relay using the following criteria (Beres & Adve, 2008; Gunawardena and Rajatheva, 
2008): 
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Madan et al. proposed a scheme for selecting a subset of relays in multi relay 
communication. Here, the source first broadcasts the single message to relays and 
destination. The relays that receive the data with specific high SNR can forward the 
message to the destination. These initially selected relays send the training sequence to 
the destination. The destination estimates the channel state and selects the number of 
relays for the communication by giving feedback to those selected nodes (Madan et al., 
2008; Luo et al., 2007). 
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4.3 Best Expectation Scheme 
In this scheme a set of relays is selected that minimizes the expected value of total 
transmission time as given below (Nam et al., 2008): 
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where P is average available power at transmitter,  2
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The optimal number of relays *m  is given as: 
 

 * arg min m
m R

m E T


   

 
Transmission time T  given in equation (4) and the expectation is taken over the 
distribution of the source-to-relays channels. 

 
4.5 Fuzzy Logic based Relay Selection 
Kaiser et. al. proposed a relay selection scheme based on fuzzy for 2- hop cooperative 
systems. The algorithm gets effective SNR (signal to noise ratio), and total time delay of 
the link (propagation delay and processing delay at relay) as inputs to fuzzy based 
controller placed at the base station (BS) as shown in Figure  4 (Kaiser et. al., 2009). It is 
shown that the proposed algorithm performs better than the traditional relay search 
algorithm reported in different research paper. 
 

Fig. 4. Fuzzy Logic Controller for Relay Selection 
 
The procedure of the proposed selection scheme is as follows: 
Step1: At every wireless link SNR is measured periodically. If the SNR of any link is less 
than some threshold value, then this wireless link or the relay is not selected. 
Step 2: The links between the BS and the relays are established proactively. Routes from 
the base station to the relay are established through the relays having SNR greater than 
threshold value. 
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The procedure of the proposed selection scheme is as follows: 
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The procedure of the proposed selection scheme is as follows: 
Step1: At every wireless link SNR is measured periodically. If the SNR of any link is less 
than some threshold value, then this wireless link or the relay is not selected. 
Step 2: The links between the BS and the relays are established proactively. Routes from 
the base station to the relay are established through the relays having SNR greater than 
threshold value. 
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Step 3: The source also select relay(s) reactively. First, the source floods the relay request 
(RREQ) packets. Those relay stations having SNR ( iSNR ) greater than threshold value and 

delay time ( it ) less than some threshold, forward the received packet to the BS. BS 

measures the Relay selection factor, RSF, ( im ) of the each selected relay, given as:  
 

( ) ( )i i im nor SNR nor t   
 

Step 4: The BS sorts the relays by descending order and select at number of relays based 
required SER value. 
The membership function represents linguistic fuzzy sets and is used to relate a grade to 
each linguistic term. This preprocessing of membership functions decreases the number of 
values to be processed. The membership functions ( (( ), ( ))iG G t ) used to represent the 
fuzzy parameters are shown in Figure 5. The values of fuzzy variables assigned depend 
on the value of im . 
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Fig. 5. Membership functions. (a) Membership function for SNR (b) Membership function 
for Delay (c) Membership function for RSF (d) Surface graph for the rule base system. 

 

5. Coded Cooperation 
 

In coded cooperation, each user’s codeword is sending by means of two independent 
fading paths. The basic inspiration behind coded cooperation (Hunter & Nosratinia, 2002) 
is that each user tries to transmit incremental redundancy for his partner. If cooperation is 
not feasible, the users automatically relapse to a non-cooperative mode. The key to the 
effectiveness of coded cooperation is that, all the system is controlled automatically by 
code design, and there is no requirement for feedback between users. The users divide 
their source data into chunks that are improved with a cyclic redundancy check (CRC) 
code (Wicker, 1995), such that there are a total of X bits per source chunk (including the 
CRC bits). Each chunk is then encoded with an error correcting code so that, for an overall 
rate R code, the entire code bits per source chunk will be /T X R . The two users 
cooperate by dividing the transmission of their T-bit code words into two consecutive 
time frames. In the first time frame, each user transmits a rate 1R R  codeword with 

1 1/T X R  bits. This large rate code can be attaining by puncturing the original codeword.  
Each user receives his partner’s first frame information and decodes it. If the user 
effectively decodes the partner’s rate 1R  codeword, the user calculates and transmits 

additional parity bits 2T  for the partner’s data in the second time frame. On the other 
hand, if a user productively decodes the partner’s information but not vice versa, both 
users will transmit the partner’s information bits in the second time frame. These bits are 
optimally pooled at the destination proceeding to decoding. The destination requests to 
know whose bits each user is transmitting in the second timeframe. An easy way out is 
that the destination can simply decode the information according to each of the options in 
sequence until successful decoding. This approach sustains the overall system 
performance and the rate at the cost of some additional complexity at the base station 
(Hunter & Nosratinia, 2002). 

 
5.1. Bit-Interleaved Coded Modulation 
Bit interleaving is the procedure performed to make the communication systems more 
robust against a burst error in order separate out the correlation of the channel. 
In 1992, Zehavi documented that the code performance and code diversity could be 
further improved over the Rayleigh fading channel (Zehavi, 1992). According to the 
Zehavi's idea to make the code diversity equal to smallest number of distinct bits along 
any error event rather than symbols. This can be done by introducing the bit-wise 
interleaving at the output of encoder and using an appropriate soft- decision bit metric as 
an input to the viterbi decoder as shown in the Figure 6. 
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code (Wicker, 1995), such that there are a total of X bits per source chunk (including the 
CRC bits). Each chunk is then encoded with an error correcting code so that, for an overall 
rate R code, the entire code bits per source chunk will be /T X R . The two users 
cooperate by dividing the transmission of their T-bit code words into two consecutive 
time frames. In the first time frame, each user transmits a rate 1R R  codeword with 

1 1/T X R  bits. This large rate code can be attaining by puncturing the original codeword.  
Each user receives his partner’s first frame information and decodes it. If the user 
effectively decodes the partner’s rate 1R  codeword, the user calculates and transmits 

additional parity bits 2T  for the partner’s data in the second time frame. On the other 
hand, if a user productively decodes the partner’s information but not vice versa, both 
users will transmit the partner’s information bits in the second time frame. These bits are 
optimally pooled at the destination proceeding to decoding. The destination requests to 
know whose bits each user is transmitting in the second timeframe. An easy way out is 
that the destination can simply decode the information according to each of the options in 
sequence until successful decoding. This approach sustains the overall system 
performance and the rate at the cost of some additional complexity at the base station 
(Hunter & Nosratinia, 2002). 

 
5.1. Bit-Interleaved Coded Modulation 
Bit interleaving is the procedure performed to make the communication systems more 
robust against a burst error in order separate out the correlation of the channel. 
In 1992, Zehavi documented that the code performance and code diversity could be 
further improved over the Rayleigh fading channel (Zehavi, 1992). According to the 
Zehavi's idea to make the code diversity equal to smallest number of distinct bits along 
any error event rather than symbols. This can be done by introducing the bit-wise 
interleaving at the output of encoder and using an appropriate soft- decision bit metric as 
an input to the viterbi decoder as shown in the Figure 6. 
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Step 3: The source also select relay(s) reactively. First, the source floods the relay request 
(RREQ) packets. Those relay stations having SNR ( iSNR ) greater than threshold value and 

delay time ( it ) less than some threshold, forward the received packet to the BS. BS 

measures the Relay selection factor, RSF, ( im ) of the each selected relay, given as:  
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Step 4: The BS sorts the relays by descending order and select at number of relays based 
required SER value. 
The membership function represents linguistic fuzzy sets and is used to relate a grade to 
each linguistic term. This preprocessing of membership functions decreases the number of 
values to be processed. The membership functions ( (( ), ( ))iG G t ) used to represent the 
fuzzy parameters are shown in Figure 5. The values of fuzzy variables assigned depend 
on the value of im . 

0 0.1 0.2 0.3 0.4 0.5 0.6 0.7 0.8 0.9 1

0

0.2

0.4

0.6

0.8

1

SNR

D
eg

re
e 

of
 m

em
be

rs
hi

p

VL L M H VH

(a) 

0 0.1 0.2 0.3 0.4 0.5 0.6 0.7 0.8 0.9 1

0

0.2

0.4

0.6

0.8

1

Time

D
eg

re
e 

of
 m

em
be

rs
hi

p

Small Medium High

(b) 

0 0.1 0.2 0.3 0.4 0.5 0.6 0.7 0.8 0.9 1

0

0.2

0.4

0.6

0.8

1

RSRF

D
eg

re
e 

of
 m

em
be

rs
hi

p

Not selected Consider Select

(c) 

0
0.2

0.4
0.6

0.8
1

0
0.2

0.4
0.6

0.8
1

0.2

0.3

0.4

0.5

0.6

0.7

0.8

SNR
Time

R
S

F

0.2 0.3 0.4 0.5 0.6 0.7 0.8

(d) 
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know whose bits each user is transmitting in the second timeframe. An easy way out is 
that the destination can simply decode the information according to each of the options in 
sequence until successful decoding. This approach sustains the overall system 
performance and the rate at the cost of some additional complexity at the base station 
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5.1. Bit-Interleaved Coded Modulation 
Bit interleaving is the procedure performed to make the communication systems more 
robust against a burst error in order separate out the correlation of the channel. 
In 1992, Zehavi documented that the code performance and code diversity could be 
further improved over the Rayleigh fading channel (Zehavi, 1992). According to the 
Zehavi's idea to make the code diversity equal to smallest number of distinct bits along 
any error event rather than symbols. This can be done by introducing the bit-wise 
interleaving at the output of encoder and using an appropriate soft- decision bit metric as 
an input to the viterbi decoder as shown in the Figure 6. 
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Fig. 6. BICM system 
 
The conventional interleaving was based on symbol; therefore the diversity order was not 
so good because it depends upon the smallest number of different channel symbols 
between any two possible sequences of the coded sequences. This issue is resolved by 
introducing the bit interleaving to enhance the diversity order to the Hamming distance 
of the code (Zehavi, 1992). Lin and Costello also proved in their book Error control coding 
that convolutional codes are optimal with the best free Hamming distances and the 
increased diversity reflects in the better Bit error rate (BER) curve. One of the other 
important edge of BICM is to separate the single entity of coding and modulation as in 
TCM. By separating these entities, it becomes more flexible in designing and 
implementation. On the other hand there was an issue of reduced Euclidean distance in 
BICM due to random modulation. This caused performance degradation over TCM for 
AWGN channel. This issue was resolved by Li and Ritcey in 1997 and proved that the 
performance of the BICM can be improved by iterative decoding (ID) using hard decision 
feedback (Li & Ritcey, 1997). In this approach, the BICM-ID converts a 2M-ary signaling 
channel to M parallel binary channels. By doing this, a large binary hamming distance 
between coded bits can be indirectly translated into a large euclidean distance with 
proper bit coding. So, this result in high diversity order and large free euclidean distance 
and effectively combing powerful codes with bandwidth-efficient modulation and it is 
proved by that BICM-ID improves BICM by more than 1dB for both channel types (Li & 
Ritcey, 1999). Therefore, with this improvement BICM-ID can compete with TCM in any 
channel scenario, either it is AWGN channels or fading channels. 

 
5.2. Coding schemes for cooperative network: 
Several coding schemes are proposed to implement DF by different combination of BICM 
with LDPC, TCM and STBC. 

 
5.2.1. LDPC with Interleaving 
The practical low SNR coding scheme based on low density parity check (LDPC) codes 
proposed for the execution of DF scheme (Razaghi & Yu, 2007). So, the main purpose was 
to advise DF scheme with a high SNR by the combination of BICM and LDPC. In this 
scheme, the conventional LDPC code is used to encode the information bit and this LDPC 

 

codeword is then interleaved and mapped to a sequence of Quadrature amplitude 
modulation (QAM) constellation symbols by using gray labeling. The relays decode this 
source codeword and append some extra parity bits with it, which are graphically 
represented by check node. The source codeword is modified by adding the second layer 
of check node to it, so, the codes are now called Bi-layer LDPC code. The destination first 
decode the relay generated extra parity bits and then source codeword over the bi-layer 
LDPC graph. 
Tanoli et al. proposed a BICM-based cooperative network and analyze the performance of 
the system over Rayleigh fading channels (Tanoli et. al., 2009). Razaghi et al. demonstrates 
that bi-layer LDPC-BICM scheme can approach to the theoretical DF rate, at a bit error 

rate of 410 and with the gap of 0.5dB in the high SNR regime (Razaghi et al., 2007). The 
concept of BICM and LDPC codes for DF is also used by Kramer in 2005 (Kramer, 2005), 
where he gave an idea to acclimatize the space time coding scheme for half duplex relay 
channel. According to Kramer, the LDPC codeword is divided into two parts, the first half 
is transmitted by source, the relay upon decoding the first part of the codeword; transmit 
the second part, resembling a second antenna. This idea restricts the rate of LDPC code to 
be less than half, however, bi-layer LDPC scheme efficiently resolved this issue. 

 
5.2.2. TCM with Interleaving 
The TCM with Bit interleaving and iterative decoding with hard decision feed back is not 
only giving the better performance over conventional TCM but it also provide the same 
framework for TCM over channel with a verity of fading parameters (Li & Ritcey, 1999). 
As the TCM was proposed by Ungerboeck to combine the convolutional coding and 
modulation and proved that it can achieved 3dB better than un-coded QPSK without 
reducing bandwidth efficiency (Ungerboeck, 1987). The main parameters of TCM include 
signal set expansion, set partitioning labeling and modulation design. Initially, a The TCM 
design criterion was emphasis on the Euclidean distance between the symbols that it 
should be maximum in the case of additive white Gaussian noise. Later on, the emphasis 
of design criteria has been shifted to the large diversity order for fading channels, instead 
of free Euclidean distance. So, for this purpose bit interleaving was introduced in TCM by 
Zehavi (Zehavi, 1992). 

 
5.2.3. STBC with bit interleaving 
This is always used to be a significant challenge to achieve a reliable communications 
with high data rate over dynamic fading channels due to multipath reception. For this 
purpose many techniques have been introduced, among them, the transmit diversity is 
bandwidth efficient and also overcoming fading. In this approach, multiple antennas are 
used on the transmitter side for transmission of data to the destination. Tarokh et al. make 
it more effective by combining the error control coding and multiple transmit antennas 
and refer to as space time coding (ST) (Tarokh et al., 1998). In the same year Alamouti 
proposed space time block codes (STBC) which were simple and elegant (Alamouti, 1998). 
Although BI-ST coded systems can be regarded as special cases of BICM, the performance 
analysis of BI-ST is not a minor extension of BICM analysis due to the more complex 
structures of the space-time codes. Later on, for iteratively decoded BI-STCM, it is also 
proved that for correlated fading channels, the Bit error rate reaches in six iterations to the 
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should be maximum in the case of additive white Gaussian noise. Later on, the emphasis 
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of free Euclidean distance. So, for this purpose bit interleaving was introduced in TCM by 
Zehavi (Zehavi, 1992). 
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used on the transmitter side for transmission of data to the destination. Tarokh et al. make 
it more effective by combining the error control coding and multiple transmit antennas 
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Although BI-ST coded systems can be regarded as special cases of BICM, the performance 
analysis of BI-ST is not a minor extension of BICM analysis due to the more complex 
structures of the space-time codes. Later on, for iteratively decoded BI-STCM, it is also 
proved that for correlated fading channels, the Bit error rate reaches in six iterations to the 



Recent Advances in Technologies356

 

 
Fig. 6. BICM system 
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of design criteria has been shifted to the large diversity order for fading channels, instead 
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theoretical error free feedback bound (EF bound) in the range of 7−8 dB for one receive 
antenna (Shahid & Rajatheva, 2008).  

 
6. OFDMA Cooperative Networks 
 

In (Kwak & Cioffi, 2007), an OFDMA multi-hop relaying downlink system of K users, Nr 
relay stations, the number of downlink subchannels is N and considering all terminals 
with single antenna. In (Poruahmadi et al., 2006), linear programming problem was 
developed for the subchannel-allocation in an OFDMA based multi-hop relaying system. 
Here the power optimization was not discussed, only subchannel reuse is discussed. 
Kwak and Cioffi proposed an algorithm for the resource allocation to maximize the sum-
rate in OFDMA-based multi-hop relaying downlink systems (Kwak & Cioffi, 2007). The 
solution to this problem is the modified water-filling algorithm. From the simulation 
results it is seen that the multi-hop OFDMA relaying systems performance are much 
better than conventional OFDMA. The downlink frame structure is shown in Figure 7. 
Subchannel set 0B  of subframe 1 is used for the transmission between the BS and the 

users and subchannel set jB  (1 rj N  ) in subframe 1 is for the transmission between BS 

and j-th relay. In the same way, the subchannel set jS  (1 rj N  ) in subframe 2 is for the 

transmission between j-th RS and the users associated this RS. The SNR for subchannel i 
in subframe k is given by: 
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where 1i  and 2i  denote subchannel i in subframe 1 and 2 respectively. 
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7. Other Applications 
 

A lot of interdisciplinary research activities are going on using the cooperation 
techniques. Most of theses activities target some dedicated application area. This section 
presents an overview of such activities. 

 
7.1 Health Care 
In (Chaczko et al., 2008) a wireless sensor networks (WSN) based solution for homecare 
applications is presented. The WSN are used to provide cooperation between the patients 
and the devices used for long-term treatments. The smart sensors network is used to assist 
health care workers and their patients in their daily routine. 
Another study related to health care involves the computer supported cooperative work 
(CSCW) in a distributed environment (Ganguly & Ray, 2000). In this study the focus is on 
the provision of an middle ware which acts as a cooperative link (layer) between the 
heterogeneous platforms and the health care applications. 

 
7.2 Vehicular 
Inter-vehicular communication is emerged to be a very popular domain for  
providing safety to drivers. Mobile ad hoc networks (MANETs) are usually a promising 
solution for exchanging the information locally among the vehicles. In (Tian et al., 2003) 
the spatial environment and geographic distribution of the vehicles are taken into account 
for routing the information in MANETs. The network nodes (i.e., vehicles) generate a 
graph based special model with the cooperation of other network nodes, to identify 
topology holes. The source node then selects a route which avoids these holes during 
packet routing.  
The project FleetNet (Enkelmann, 2003) provides Internet facility on roads. It’s a German 
project which mainly focuses on inter-vehicular communications for providing 
cooperative driver-assistance, sharing of information and utilizing Internet resources. The 
nodes in FleetNet project are forming a position-aware MANET. The cooperation is done 
by using stationary gateways which allow drivers to share information among them and 
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access Internet. The communications protocol developed under FleetNet are used on any 
existing radio communications network. 
Another study focus on the position-aware information for inter-vehicular 
communication is (Kato et al., 2008). The study focuses on the urgent communications of 
messages for relaying critical information and to provide support to cooperative driving. 
The vehicles are relatively addressed based on their lanes and hence, leading to a safe 
intelligent transportation system (ITS). 
A study on railway system is conducted in (Wang et al., 2003). In this the railway 
geographical system for China is used. The work focuses on the use of component mode 
platform in conjunction with distributed cooperative heterogeneous structure of data and 
applications. A middleware known as “Information Share Platform” is added to 
communicate basic system information with the application component platform, hence 
leading to a cooperative railway system.  

 
7.3 Emergency / Disasters 
In the last decade, occurrence of frequent natural and / or manmade disasters has 
brought the researchers to the work for emergency communications. In (Majid & Ahmed, 
2008a), a cooperative cognitive agent approach for post-disaster communications is 
discussed. Study discusses the birth-death process of agents which possess the cognition 
properties. A cooperative communication mechanism among the agents to relay 
information regarding disaster victims is also presented in study.  
Cooperative deployment of IEEE 802.22 wireless regional area network (WRAN) groups is 
proposed in (Majid & Ahmed, 2008b). In this study the IEEE 802.22 WRAN concept is 
used to provide cooperative communication among different organizations involved in 
disaster response activities. Different organizations such as TV broadcast, rescue teams, 
NGOs etc. are deploying their own networks (i.e., WRAN groups) in the disaster affected 
areas. A mechanism to relay information from one WRAN group to another is elaborated 
in the study. This cooperative relay of information provides cost-effective and efficient 
communications in emergency situations. 
Another study in (Majid & Ahmed, 2009a) uses the mobile handsets (MS) as the sensing 
nodes for emergency situations. The MS nodes communicate among them in a cooperative 
manner to identify the true emergency situation. The MS nodes are then used to build a 
hierarchical network among the disaster victims. Transfer of information from one layer 
to another layer of the proposed network scheme is via a cognitive radio cloud (CRC). 
This CRC helps in the cooperative identification of spectrum holes for the successful 
communication of information. Moreover, in (Majid& Ahmed, 2009b) a cooperative serial 
switch model is proposed. The proposed model assists the presented MAC protocol to 
perform successfully. The study further discusses the concept of hybrid disaster response 
network (DRN). The hybrid DRN is used to communicate critical information to the 
centralized network via a cooperative relay node. 
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access Internet. The communications protocol developed under FleetNet are used on any 
existing radio communications network. 
Another study focus on the position-aware information for inter-vehicular 
communication is (Kato et al., 2008). The study focuses on the urgent communications of 
messages for relaying critical information and to provide support to cooperative driving. 
The vehicles are relatively addressed based on their lanes and hence, leading to a safe 
intelligent transportation system (ITS). 
A study on railway system is conducted in (Wang et al., 2003). In this the railway 
geographical system for China is used. The work focuses on the use of component mode 
platform in conjunction with distributed cooperative heterogeneous structure of data and 
applications. A middleware known as “Information Share Platform” is added to 
communicate basic system information with the application component platform, hence 
leading to a cooperative railway system.  

 
7.3 Emergency / Disasters 
In the last decade, occurrence of frequent natural and / or manmade disasters has 
brought the researchers to the work for emergency communications. In (Majid & Ahmed, 
2008a), a cooperative cognitive agent approach for post-disaster communications is 
discussed. Study discusses the birth-death process of agents which possess the cognition 
properties. A cooperative communication mechanism among the agents to relay 
information regarding disaster victims is also presented in study.  
Cooperative deployment of IEEE 802.22 wireless regional area network (WRAN) groups is 
proposed in (Majid & Ahmed, 2008b). In this study the IEEE 802.22 WRAN concept is 
used to provide cooperative communication among different organizations involved in 
disaster response activities. Different organizations such as TV broadcast, rescue teams, 
NGOs etc. are deploying their own networks (i.e., WRAN groups) in the disaster affected 
areas. A mechanism to relay information from one WRAN group to another is elaborated 
in the study. This cooperative relay of information provides cost-effective and efficient 
communications in emergency situations. 
Another study in (Majid & Ahmed, 2009a) uses the mobile handsets (MS) as the sensing 
nodes for emergency situations. The MS nodes communicate among them in a cooperative 
manner to identify the true emergency situation. The MS nodes are then used to build a 
hierarchical network among the disaster victims. Transfer of information from one layer 
to another layer of the proposed network scheme is via a cognitive radio cloud (CRC). 
This CRC helps in the cooperative identification of spectrum holes for the successful 
communication of information. Moreover, in (Majid& Ahmed, 2009b) a cooperative serial 
switch model is proposed. The proposed model assists the presented MAC protocol to 
perform successfully. The study further discusses the concept of hybrid disaster response 
network (DRN). The hybrid DRN is used to communicate critical information to the 
centralized network via a cooperative relay node. 
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1. Introduction 
 

Reverse engineering is the process of discovering the technological principles of a device or 
object or system through analysis of its structure, function and operation (Sommerville, 
2007). Most of the time, it involves taking something apart, for example the device or the 
system program, and analyzing its working in detail, and trying to make a new device or 
program that does the same thing without copying anything from the original (Musker, 
1998). 
In reverse engineering, the process is often tedious but necessary in order to study the 
specific technology or device. In system programming, reverse engineering is often done 
because the documentation of that particular system has never been written or the person 
who developed the system is no longer working in the company. We use this concept to 
introduce an automatic tool for retrieval of requirements of a system from the program 
source codes.  
The purpose of producing the tool is to be able to recover the system requirements of any 
system due to the cause that the system does not have the necessary documents. 
Documenting the process involved in developing the system is important. In many 
organizations, 20 percent of system development costs go to documenting the system 
(Heumann, 2001). In software development life cycle (SDLC), documenting process in 
requirements analysis ends with a system requirements document (SRD) (Sommerville, 
2007). SRD is important in order to develop a system. It shows the system specification 
before a developer would be able to develop the system. Once the system demonstrates fault 
after implementation phase, the SRD can be used as a reference for finding errors of the 
system requirements. However, if documenting is not proper, the source codes of the 
system will be used to find errors. This is a difficult process considering the lines of the 
source codes would be thousand. Therefore, by having a tool that would be able to retrieve 
the system requirements back from the source codes would be an added advantage to the 
software developers of any system application.  
This chapter discusses on retrieval of system requirements from its source codes. The rest of 
the chapter is organized as follows. Section 2 presents the related work, while Section 3 
reviews the UML (Unified Modeling Language) and its specification and Section 4 discusses 
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The purpose of producing the tool is to be able to recover the system requirements of any 
system due to the cause that the system does not have the necessary documents. 
Documenting the process involved in developing the system is important. In many 
organizations, 20 percent of system development costs go to documenting the system 
(Heumann, 2001). In software development life cycle (SDLC), documenting process in 
requirements analysis ends with a system requirements document (SRD) (Sommerville, 
2007). SRD is important in order to develop a system. It shows the system specification 
before a developer would be able to develop the system. Once the system demonstrates fault 
after implementation phase, the SRD can be used as a reference for finding errors of the 
system requirements. However, if documenting is not proper, the source codes of the 
system will be used to find errors. This is a difficult process considering the lines of the 
source codes would be thousand. Therefore, by having a tool that would be able to retrieve 
the system requirements back from the source codes would be an added advantage to the 
software developers of any system application.  
This chapter discusses on retrieval of system requirements from its source codes. The rest of 
the chapter is organized as follows. Section 2 presents the related work, while Section 3 
reviews the UML (Unified Modeling Language) and its specification and Section 4 discusses 
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the system requirements. We then present our idea on how to read the source codes, parse it 
to parser and then convert it to system requirements in Section 4. Section 5 discusses our 
tool in details, in particular on how to retrieve data from the source codes using the engine 
of the tool. Finally, we conclude our chapter in Section 6 and give some suggestions for 
future work of the tool. 
 
2. Related Work 
 

Reverse engineering has become a viable method to measure an existing system and 
reconstruct the necessary model from its original. In the older days, disassembler is used to 
recreate the assembly codes from the binary machine codes, where the assembler is used to 
convert the codes written in assembly language into binary machine codes. Decomplier, on the 
other hand, is used to recreate the source codes in some high level language for a program 
only available in machine codes or bytecodes. 
Based on the decompiler and disassembler, there has been a significant amount of study 
focusing on disassembly of the machine code instructions. Schwarz et al. (2002), for example, 
study the disassembly algorithms and propose an hybrid approach in disassembly of the 
machine code. Tilley et al. (1994), on the other hand, propose the programmable approach 
using the scripting language to enable the users to write their own routines for common 
reverse engineering activities such as graph layout, metrics and subsystem decompositions.  
There has been a significant amount of study for looking at the best technique in reverse 
engineering focusing on studying the source codes in order to get the design or requirements 
documents. Knodel et al. (2006) suggest using the graphical elements in order to understand 
the software architecture better. Graph-based technique is proposed to be one of the good 
techniques in reverse engineering in order to get the requirements documents. Cremer et al. 
(2002), for example, use the graph-based technique for COBOL applications and provide code 
analysis. Based on the graph-based technique as well, UML (Unified Modeling Language) 
reverse engineering (Altova, 2008) imports Java source codes and generates UML class 
diagram to facilitate requirements analysis. 
For our approach, we use graph-based technique as well to get the necessary information from 
the C++ source codes, convert the information into necessary tokens and then use these 
detected tokens to generate the UML class diagram. The class diagram can be used for 
requirements analysis. Altova tool (Altova, 2008) is quite similar to our tool. However, Altova 
concentrates on Java program source codes for its input to generate the UML class diagram. 
Our tool, on the other hand, concentrate on C++ program source codes for its input to generate 
the UML class diagram. 
 
3. Review of UML and its Specification 
 

In producing a software product, there are four fundamental process activities. They are 
software specification, software development, software validation and software evolution 
(Sommerville, 2007). Modeling a software application in software specification before 
coding is an essential part of software projects. This modeling activitity involves the 
process of  transformation from the users’ requirements into the software application. 
Software development life cycle (SDLC) is used to process the activities of software 
development. Four main phases are used in SDLC. There are analysis, design, 

 

implementation and testing (Hoffer et al., 2008). In SDLC, modeling tool is usually used to 
do the analysis of a system. The modeling tool used can be either a structured approach or 
an object-oriented approach or a hybrid approach. A structured approach uses diagrams 
such as entity relationship diagrams (ERD) and context diagrams to model and analyze 
the system requirements. Object-oriented approach, on the other hand, uses diagrams 
such as use-case diagrams and class diagrams to model and analyze the system 
requirements. A hybrid approach is a combination of a structured and object-oriented 
approach. 
A model is an abstract representation of a system, constructed to understand the system 
prior to building or modifying it. Most of the modeling techniques involve graphical 
notations, its syntax and semantics. One example of modeling techniques is Unified 
Modeling Language (UML). UML assumes a process that is use-case driven, architecture-
centered, iterative and incremental (Bahrami, 1999). It is a modeling language that 
provide system architects, software engineers and software developers with tools for 
analysis, design and implementation of software based systems as well as for modeling 
business and similar processes. UML includes a set of graphical notation techniques to 
create abstract models of specific systems. UML modeling can also help software 
developers to understand the system requirements better using the UML diagrams 
(Vidgen, 2003). 
UML is a standard modeling language for visually describing the structure and behavior 
of a system. The main purpose of UML is to provide a common vocablary of object-
oriented terms and diagrammatical techniques that enable software developers to model 
any system development project from analysis untill implementation phase. Therefore, 
during analysis, system requirements are transformed into UML specification using 
diagrams. These diagrams have special rules and notations. Each diagram used in UML 
specification has its own syntax and semantics. The syntax is the notations for each 
element of the diagrams, whereas the semantics is the meaning of the notations. 
Currently, UML specifies 13 UML diagrams. These diagrams are divided into two 
categories: structure and behaviour. Structure diagrams are diagrams that describe the 
structure of the systems at a particular time (static) while behaviour diagrams are 
diagrams that describe the behaviour of the systems according to time (dynamic). 
Structure diagrams in UML include class diagram, composite structure diagram, 
component diagram, deployment diagram, object diagram and package diagram while 
behaviour diagrams in UML include activity diagram, sequence diagram, communication 
diagram, interaction overview diagram, timing diagram, use-case diagram and state 
machine diagram. These diagrams are then formed to become the UML specification 
which represented the system specification. The UML specification can then be used to 
develop the system application. 
Currently, UML specification consists of two interrelated parts: UML syntax and UML 
semantics. UML syntax specifies the abstract syntax and graphical notations of UML 
object modeling concepts wheras UML semantics describes the mapping of the graphical 
notations to the underlying semantics as well as the meaning of the graphical notations. 
Much effort has been given to gather UML semantics for various UML diagrams. 
Currently, the information relating to UML semantics is scatterd throughout the standard 
document (Selic, 2004). However UML specification and its dependency relations between 
diagrams are discussed in Pons et al. (2003). They suggest that the relationships between 
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process of  transformation from the users’ requirements into the software application. 
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A model is an abstract representation of a system, constructed to understand the system 
prior to building or modifying it. Most of the modeling techniques involve graphical 
notations, its syntax and semantics. One example of modeling techniques is Unified 
Modeling Language (UML). UML assumes a process that is use-case driven, architecture-
centered, iterative and incremental (Bahrami, 1999). It is a modeling language that 
provide system architects, software engineers and software developers with tools for 
analysis, design and implementation of software based systems as well as for modeling 
business and similar processes. UML includes a set of graphical notation techniques to 
create abstract models of specific systems. UML modeling can also help software 
developers to understand the system requirements better using the UML diagrams 
(Vidgen, 2003). 
UML is a standard modeling language for visually describing the structure and behavior 
of a system. The main purpose of UML is to provide a common vocablary of object-
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the system requirements. We then present our idea on how to read the source codes, parse it 
to parser and then convert it to system requirements in Section 4. Section 5 discusses our 
tool in details, in particular on how to retrieve data from the source codes using the engine 
of the tool. Finally, we conclude our chapter in Section 6 and give some suggestions for 
future work of the tool. 
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machine code. Tilley et al. (1994), on the other hand, propose the programmable approach 
using the scripting language to enable the users to write their own routines for common 
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There has been a significant amount of study for looking at the best technique in reverse 
engineering focusing on studying the source codes in order to get the design or requirements 
documents. Knodel et al. (2006) suggest using the graphical elements in order to understand 
the software architecture better. Graph-based technique is proposed to be one of the good 
techniques in reverse engineering in order to get the requirements documents. Cremer et al. 
(2002), for example, use the graph-based technique for COBOL applications and provide code 
analysis. Based on the graph-based technique as well, UML (Unified Modeling Language) 
reverse engineering (Altova, 2008) imports Java source codes and generates UML class 
diagram to facilitate requirements analysis. 
For our approach, we use graph-based technique as well to get the necessary information from 
the C++ source codes, convert the information into necessary tokens and then use these 
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software models need to be formally defined since the lack of accuracy in their definition 
can lead to wrong interpretations and inconsistency between models. The consistency 
between models need to be checked in order to conform that the models adhere to system 
requirements. 
Not all diagrams are used to specify the behaviour and structure of any system. Activity 
diagram is an example of behavioral diagram that illustrates business workflows 
independent of classes, the flow of activities in a use case, or detailed design of a method. 
Activity diagram is capable of successfully specifying an entire set of use-case scenarios in a 
single diagram. In addition, it is potentially a rich source of test related information in both 
business and software-based models. UML activity diagrams are developed using elements 
that are divided into two groups: nodes and edges. Three types of nodes defined are action 
nodes, object nodes and control nodes; while edges are defined as the transitions that 
represent control flow between nodes. 
UML class diagram, on the other hand, shows the state structure of object-oriented model, 
the object class, their internal structure and relationships in which they participate. UML 
class diagrams are developed using three expects: the form for graphical representation of 
class diagram, notation for the diagram and the association or relationships amoung classes.  
In UML class diagram, a class is a description of a set of objects that share the same 
attributes, operation, relationships and semantics (Vidgen, 2003). Class is usually 
represented using a rectangle with three compartments separated by horizontal lines. The 
first part is class name, followed by list of attributes and list of methods (Rosziati, 2008). 
Attributes describe the data of the class while methods describe the services the class 
provided. The relationships for each of the class will then be described by connecting links. 
Methods are basically categorised into three types: constructor, query and update. 
Relationships, on the other hand, can be categorised into three types: association, inheritance 
and aggregation. Association is a simple relationship between classes where one class is 
associated with another class. Inheritance is a relationships between classes where one class 
is a superclass from another class (subclass). Aggregation is a relationships between classes 
where one class comprises of other classes (more than two classes). 
In UML diagrams, a use-case diagram is used to describe the requirements of the system 
representing the behaviour of the system. In a use-case diagram, two important factors are 
used to describe the requirements of a system. They are actors and use cases. Actors are 
external entities that interact with the system and use cases are the behavior (or the 
functionalities) of a system (Rational, 2003). The use cases are used to define the 
requirements of the system. These use cases represent the functionalities of the system. Most 
often, each use case is then converted into a function representing the task of the system. 
The descirption of a use case defines what happens in the system when the use case is 
performed (Bahrami, 1999). The arrow that is connected from an actor into a use case 
represented a communication between the outside (actors) and inside (use-case) of the 
system’s behaviour.  

 
4. System Requirements 
 

The foundation of a good application begins with a good analysis. In order to do a good 
analysis, we should be able to rigorously analyze the system requirements. Requirements 
analysis is an important phase during the software development life cycle (SDLC). In 

 

UML specification, requirements analysis is usually done using diagrams (Bahrami, 1999). 
A use-case diagram is used to specify requirements of the system. 
In this section, we present an example of an application for monitoring system of a 
postgraduate student submitting his/her progress report to Centre of Graduate Studies. 
The requirements of the system include the capability to submit progress report using the 
provided form, view the submitted progress report and evaluate the submitted progress 
report. These three requirements are then transformed into a use-case diagram as shown 
in Figure 1. 
 

 
Fig. 1. A use-case Diagram for Monitoring System of Postgraduate Student 
 
Figure 1 shows a simple use-case diagram for a monitoring system of postgraduate 
student where a postgraduate student (an actor) can submit his/her progress report to 
Centre of Graduate Studies. From Figure 1, a student is able to do two tasks: submit a 
progress report and view a progress report. A focus group is able to view and evaluate 
the progress report while the centre is able to view the progress report.  
Once the use-case diagram is formed, the next diagram, an activity diagram can be 
developed. An activity diagram, on the other hand, describes the activities of the process. 
The purpose of an activity diagram is to provide a view of flows and what is going on 
inside a use case (Bahrami, 1999). Figure 2 shows an example of an activity diagram which 
exhibits the activities that can be performed by a postgraduate student. From a use-case 
diagram in Figure 1, a postgraduate student is able to submit and view the progress 
report. Hence, the activity diagram shows that these two activities can be performed by 
the postgraduate student. 
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UML specification, requirements analysis is usually done using diagrams (Bahrami, 1999). 
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provided form, view the submitted progress report and evaluate the submitted progress 
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Fig. 1. A use-case Diagram for Monitoring System of Postgraduate Student 
 
Figure 1 shows a simple use-case diagram for a monitoring system of postgraduate 
student where a postgraduate student (an actor) can submit his/her progress report to 
Centre of Graduate Studies. From Figure 1, a student is able to do two tasks: submit a 
progress report and view a progress report. A focus group is able to view and evaluate 
the progress report while the centre is able to view the progress report.  
Once the use-case diagram is formed, the next diagram, an activity diagram can be 
developed. An activity diagram, on the other hand, describes the activities of the process. 
The purpose of an activity diagram is to provide a view of flows and what is going on 
inside a use case (Bahrami, 1999). Figure 2 shows an example of an activity diagram which 
exhibits the activities that can be performed by a postgraduate student. From a use-case 
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report. Hence, the activity diagram shows that these two activities can be performed by 
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Most often, use cases represent the functional requirements of a system. If the requirements 
are gathered correctly, then a good use-case diagram can be formed. From this use-case 
diagram, the use cases are usually used for the functions of the system. Table 1 shows the 
mapping of use cases to functions of a system. These functions can then be used in a class 
diagram of the system. 
 

Use Case Function 
Submit Submit 
View View 
Evaluate Evaluate 

Table 1. Use Cases Mapping to System’s Functionalities 
 
The class diagram is the main static analysis diagram (Bahrami, 1999). It shows the static 
structure of the model for the classes and their relationships. They are connected to each 
other as a graph. Each class has its own internal structures and its relationships with other 
classes. Figure 3 shows an example of a class diagram for Monitoring System of 
Postgraduate Student. Note that the mapping from use-cases from Figure 1 into functions in 
the class diagram in Figure 3. This mapping is important for the consistency of the UML 
diagrams. 
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Fig. 3. A Class Diagram for Monitoring System of Postgraduate Student  
 
From Figure 3, each class consists of a class name, its attributes and methods. For example, a 
class Person has attributes lastname and firstname with no method. Classes FocusGroup and 
PostgraduateStudent inherit class Person. Class FocusGroup declares its own attribute (staffid) 
and one method (EvaluateForm) and class PostGraduateStudent declares its own attribute 
(matrixno) and one method (FillUpForm). Note that, a subclass inherits all the attributes and 
methods of its superclass. Class PgForm, on the other hand, offers 4 methods namely 
GetForm, Submit, View and Evaluate. The three methods are translated from the three use 
cases declared in Figure 1. 

 
5. The Tool - CDG 
 

The tool, which we call CDG (Class Diagram Generator) is implemented using C++ 
programming language. The tool has two stages of activities. The first stage accepts the 
source codes of C++ programming language as the input and produces the output as 
detected tokens in term of the set of class name, its attributes and functions as well as its 
relationships with other classes. From this output, for the second stage, the tool will suggest 
the possibility of the class diagram. The targeted user of the tool is software developer who 
wants to get back the system requirements specification based on the program source codes.  
The main objectives of developing the tool are being able to detect the necessary tokens from 
the syntaxes of the program source codes and generate the class diagram automatically 
based on the detected tokens. Figure 4 shows the activity diagram to generate the class 
diagram from the tool. 
 

A Reverse Engineering System Requirements Tool 371

 

                            
Fig. 2. An Activity Diagram for Postgraduate Student 
 
Most often, use cases represent the functional requirements of a system. If the requirements 
are gathered correctly, then a good use-case diagram can be formed. From this use-case 
diagram, the use cases are usually used for the functions of the system. Table 1 shows the 
mapping of use cases to functions of a system. These functions can then be used in a class 
diagram of the system. 
 

Use Case Function 
Submit Submit 
View View 
Evaluate Evaluate 

Table 1. Use Cases Mapping to System’s Functionalities 
 
The class diagram is the main static analysis diagram (Bahrami, 1999). It shows the static 
structure of the model for the classes and their relationships. They are connected to each 
other as a graph. Each class has its own internal structures and its relationships with other 
classes. Figure 3 shows an example of a class diagram for Monitoring System of 
Postgraduate Student. Note that the mapping from use-cases from Figure 1 into functions in 
the class diagram in Figure 3. This mapping is important for the consistency of the UML 
diagrams. 
 
 
 
 
 

       
      View 

 
    Submit 

Display the 
pg form 

Submit the 
pg form 

 

Person 

- lastname 
- firstname 
 

+ SetName 
+ GetName 

FocusGroup 

- staffid 

- EvaluateForm 

PostGraduateStudent 

- matrixno 

PgForm 

- detailinfo 

+ GetForm 
+ Submit 
+ View 
+ Evaluate 

- FillUpForm 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Fig. 3. A Class Diagram for Monitoring System of Postgraduate Student  
 
From Figure 3, each class consists of a class name, its attributes and methods. For example, a 
class Person has attributes lastname and firstname with no method. Classes FocusGroup and 
PostgraduateStudent inherit class Person. Class FocusGroup declares its own attribute (staffid) 
and one method (EvaluateForm) and class PostGraduateStudent declares its own attribute 
(matrixno) and one method (FillUpForm). Note that, a subclass inherits all the attributes and 
methods of its superclass. Class PgForm, on the other hand, offers 4 methods namely 
GetForm, Submit, View and Evaluate. The three methods are translated from the three use 
cases declared in Figure 1. 

 
5. The Tool - CDG 
 

The tool, which we call CDG (Class Diagram Generator) is implemented using C++ 
programming language. The tool has two stages of activities. The first stage accepts the 
source codes of C++ programming language as the input and produces the output as 
detected tokens in term of the set of class name, its attributes and functions as well as its 
relationships with other classes. From this output, for the second stage, the tool will suggest 
the possibility of the class diagram. The targeted user of the tool is software developer who 
wants to get back the system requirements specification based on the program source codes.  
The main objectives of developing the tool are being able to detect the necessary tokens from 
the syntaxes of the program source codes and generate the class diagram automatically 
based on the detected tokens. Figure 4 shows the activity diagram to generate the class 
diagram from the tool. 
 



Recent Advances in Technologies370

 

                            
Fig. 2. An Activity Diagram for Postgraduate Student 
 
Most often, use cases represent the functional requirements of a system. If the requirements 
are gathered correctly, then a good use-case diagram can be formed. From this use-case 
diagram, the use cases are usually used for the functions of the system. Table 1 shows the 
mapping of use cases to functions of a system. These functions can then be used in a class 
diagram of the system. 
 

Use Case Function 
Submit Submit 
View View 
Evaluate Evaluate 

Table 1. Use Cases Mapping to System’s Functionalities 
 
The class diagram is the main static analysis diagram (Bahrami, 1999). It shows the static 
structure of the model for the classes and their relationships. They are connected to each 
other as a graph. Each class has its own internal structures and its relationships with other 
classes. Figure 3 shows an example of a class diagram for Monitoring System of 
Postgraduate Student. Note that the mapping from use-cases from Figure 1 into functions in 
the class diagram in Figure 3. This mapping is important for the consistency of the UML 
diagrams. 
 
 
 
 
 

       
      View 

 
    Submit 

Display the 
pg form 

Submit the 
pg form 

 

Person 

- lastname 
- firstname 
 

+ SetName 
+ GetName 

FocusGroup 

- staffid 

- EvaluateForm 

PostGraduateStudent 

- matrixno 

PgForm 

- detailinfo 

+ GetForm 
+ Submit 
+ View 
+ Evaluate 

- FillUpForm 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Fig. 3. A Class Diagram for Monitoring System of Postgraduate Student  
 
From Figure 3, each class consists of a class name, its attributes and methods. For example, a 
class Person has attributes lastname and firstname with no method. Classes FocusGroup and 
PostgraduateStudent inherit class Person. Class FocusGroup declares its own attribute (staffid) 
and one method (EvaluateForm) and class PostGraduateStudent declares its own attribute 
(matrixno) and one method (FillUpForm). Note that, a subclass inherits all the attributes and 
methods of its superclass. Class PgForm, on the other hand, offers 4 methods namely 
GetForm, Submit, View and Evaluate. The three methods are translated from the three use 
cases declared in Figure 1. 

 
5. The Tool - CDG 
 

The tool, which we call CDG (Class Diagram Generator) is implemented using C++ 
programming language. The tool has two stages of activities. The first stage accepts the 
source codes of C++ programming language as the input and produces the output as 
detected tokens in term of the set of class name, its attributes and functions as well as its 
relationships with other classes. From this output, for the second stage, the tool will suggest 
the possibility of the class diagram. The targeted user of the tool is software developer who 
wants to get back the system requirements specification based on the program source codes.  
The main objectives of developing the tool are being able to detect the necessary tokens from 
the syntaxes of the program source codes and generate the class diagram automatically 
based on the detected tokens. Figure 4 shows the activity diagram to generate the class 
diagram from the tool. 
 

A Reverse Engineering System Requirements Tool 371

 

                            
Fig. 2. An Activity Diagram for Postgraduate Student 
 
Most often, use cases represent the functional requirements of a system. If the requirements 
are gathered correctly, then a good use-case diagram can be formed. From this use-case 
diagram, the use cases are usually used for the functions of the system. Table 1 shows the 
mapping of use cases to functions of a system. These functions can then be used in a class 
diagram of the system. 
 

Use Case Function 
Submit Submit 
View View 
Evaluate Evaluate 

Table 1. Use Cases Mapping to System’s Functionalities 
 
The class diagram is the main static analysis diagram (Bahrami, 1999). It shows the static 
structure of the model for the classes and their relationships. They are connected to each 
other as a graph. Each class has its own internal structures and its relationships with other 
classes. Figure 3 shows an example of a class diagram for Monitoring System of 
Postgraduate Student. Note that the mapping from use-cases from Figure 1 into functions in 
the class diagram in Figure 3. This mapping is important for the consistency of the UML 
diagrams. 
 
 
 
 
 

       
      View 

 
    Submit 

Display the 
pg form 

Submit the 
pg form 

 

Person 

- lastname 
- firstname 
 

+ SetName 
+ GetName 

FocusGroup 

- staffid 

- EvaluateForm 

PostGraduateStudent 

- matrixno 

PgForm 

- detailinfo 

+ GetForm 
+ Submit 
+ View 
+ Evaluate 

- FillUpForm 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Fig. 3. A Class Diagram for Monitoring System of Postgraduate Student  
 
From Figure 3, each class consists of a class name, its attributes and methods. For example, a 
class Person has attributes lastname and firstname with no method. Classes FocusGroup and 
PostgraduateStudent inherit class Person. Class FocusGroup declares its own attribute (staffid) 
and one method (EvaluateForm) and class PostGraduateStudent declares its own attribute 
(matrixno) and one method (FillUpForm). Note that, a subclass inherits all the attributes and 
methods of its superclass. Class PgForm, on the other hand, offers 4 methods namely 
GetForm, Submit, View and Evaluate. The three methods are translated from the three use 
cases declared in Figure 1. 

 
5. The Tool - CDG 
 

The tool, which we call CDG (Class Diagram Generator) is implemented using C++ 
programming language. The tool has two stages of activities. The first stage accepts the 
source codes of C++ programming language as the input and produces the output as 
detected tokens in term of the set of class name, its attributes and functions as well as its 
relationships with other classes. From this output, for the second stage, the tool will suggest 
the possibility of the class diagram. The targeted user of the tool is software developer who 
wants to get back the system requirements specification based on the program source codes.  
The main objectives of developing the tool are being able to detect the necessary tokens from 
the syntaxes of the program source codes and generate the class diagram automatically 
based on the detected tokens. Figure 4 shows the activity diagram to generate the class 
diagram from the tool. 
 



Recent Advances in Technologies372

 

 
Fig. 4. Activity Diagram for the Tool  
 
From Figure 4, in order to generate the UML class diagram, a user is required to input a 
C++ program source codes into the tool. After that, the tool will verify the file format as 
well as the filename. If an invalid file format has been entered or the file does not exist, 
the tool will prompt an error message to warn the user. Indeed, the user needs to reinsert 
the filename. However, if both the filename and file format is valid, the tool will reconfirm 
whether it is the file that the user needs. All the commands in the tool are case-insensitive 
where the tool will recognize both lowercase and uppercase command typed by the user. 
The tool will also provide files searching function in order to list out all the files’ name in 
a folder. The tool will only accept a C++ source codes with the “.cpp” and “.h” extensions. 
When a user tries to insert an invalid file, the tool will display a warning message and 
ignore the file.  
Once the correct source codes file has been verified, the source codes are parsed to the 
parser. The parser will read the file, line by line, detect the tokens and store the necessary 
tokens to form the class diagram. Note that, the tool will bypass all the comments found 
in the file. There are two types of comments which are single line comments (//) and 
multiple line comments (enclosed between /* and */).  

 

Before the class diagram is displayed, the tool will display the scanning results to the user. 
The result will contain the set of class name, its attributes and methods as well as its 
relationships with other classes. The tool will then provide two log files to store the error 
occurred and parsing results. The detected tokens will be stored into another file for 
generating the class diagram. If the program source codes do not have any syntax errors 
and have been successfully passed the parser process, the class diagram will be generated 
by the tool and saved as an image file for later used. Figure 5 shows the class diagram for 
the tool. 
 

 
Fig. 5. Class Diagram for the Tool  
 
From Figure 5, a class diagram of the tool represents the static view of the system. It 
shows classes in a system and relationships amoung themselves. Five classes are identifed 
for the tool. The internal structure of the system is illustrated by behaviour and attributes 
of each class, as well as relationships between classes. In Figure 5, the class Source Code 
manages the file verification and the class Parser focuses on parsing the source codes file 
input by the user. Class Token is inherited from class File where it focuses on detecting 
the tokens in the source codes when the system is parsing the program source codes. 
Lastly, class CDGen generates the drawing information in order to draw the UML class 
diagram as well as saving them into the database.  
The tool is implemented using C++ programming language. Figure 6 shows the interface 
design of the tool. 
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Fig. 6. The Interface Design of CDG 
 
From Figure 6, CDG offers a pop up menu for user friendly interface. If a New Project menu 
is clicked, another pop up menu will be displayed to ask for the program source codes files 
to be parsed as shown in Figure 7. The user can insert the files for the program source codes. 
Then, the user can click the Generate button to generate the UML class diagram for that 
particular project. Figure 8 shows the example of the generated UML class diagram. 
 

 
Fig. 7. A Pop Up Menu for Adding The Program Source Codes into the Tool 

 

 
Fig. 8. The Generated Class Diagram from the Tool 
 
For the purpose of ease in understanding in this chapter, we present an example of an 
application for monitoring system of a postgraduate student submitting his/her progress 
report to Centre of Graduate Studies as our case study using the tool. From Figure 3, a class 
Person is a superclass of classes FocusGroup and PostGraduateStudent. Therefore, classes 
FocusGroup and PostGraduateStudent inherit all attributes and methods of class Person. Figure 
9 shows some of the extracted source codes from the program of this system. 
 

class Person { 
        private: 
            char lastname [30]; 
            char firstname [30]; 
       public: 
            void SetName(); 
            char *GetName(); 
 }; 
… 
class FocusGroup : public Person { 
       private: 
            char staffid [10]; 
       public: 
            Void EvaluateForm(); 
}; 
… 
class PostGraduateStudent : public Person { 
       private: 
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Person is a superclass of classes FocusGroup and PostGraduateStudent. Therefore, classes 
FocusGroup and PostGraduateStudent inherit all attributes and methods of class Person. Figure 
9 shows some of the extracted source codes from the program of this system. 
 

class Person { 
        private: 
            char lastname [30]; 
            char firstname [30]; 
       public: 
            void SetName(); 
            char *GetName(); 
 }; 
… 
class FocusGroup : public Person { 
       private: 
            char staffid [10]; 
       public: 
            Void EvaluateForm(); 
}; 
… 
class PostGraduateStudent : public Person { 
       private: 
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              char matrixno [10]; 
       public : 
              void FillUpForm(); 
}; 
… 
class pgForm{ 
       private : 
             struct Data { 
                       char lastname [30]; 
                       char firstname [30]; 
                       char matrixno [10]; 
             } detailinfo; 
      public: 
            void GetForm(); 
             void Submit(); 
             void View(); 
             void Evaluate(); 
}; 

Fig. 9. Extracted Source Codes 
 
From Figure 9, adopting the hybrid algorithm (Schwarz et al., 2002) by using the linear 
sweep and recursive traversal algorithms, the tool is able to read the source codes line by 
line and detect the necessary tokens. Then the tokens are stored. Figure 10 shows the 
extracted tokens from reading of the program source codes. 
 

Class name: Person 
Association: 
Inheritance: 
Attributes: lastname, firstname 
Methods: SetName, GetName 
Class Name: FocusGroup  
Association:  
Inheritance: Person 
Attributes: staffid 
Methods: EvaluateForm 
Class Name: PostGraduateStudent 
Association:  
Inheritance: Person 
Attributes: matrixno 
Methods: FillUpForm 
Class Name: PgForm 
Association: Person 
Inheritance: 
Attributes: detailinfo 
Methods: GetForm, Submit, View, Evaluate 
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From Figure 10, the hybrid algorithm (combination of linear sweep and recursive traversal 
algorithms) is used in order to identify and extract the necessary tokens. Once the tokens 
have been identified and extracted from the source codes, the graph-based approach is used 
in our engine of the tool in order to develop and generate the class diagram from the 
extracted tokens. Figure 11 shows the generated class diagram. The generated class diagram 
can  be saved for later use. The extension of the saved file is “.cdg“. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 
Fig. 11. Generated Class Diagram 
 
Based on Figure 11, the tool is able to generate the possible class diagram for the system. 
However, comparing from Figure 11 and Figure 3, we still have problems to overcome the 
associations of the classes and relationships among the classes. The ambiguities of the 
system requirements are still existed. We are currently looking at the possible solutions to 
reduce these ambiguities. 
The tool offers the system requirements by means of extracted tokens of class name, its 
attributes and functions as well as its relationships with other classes. Then the tool suggests 
the possible class diagram based on the extracted tokens. 

 
6. Conclusion and Future Work 
 

Modeling is an important part of any projects. A model plays a major role in system 
development life cycle. A model is also served as a blueprint for the system. During 
requirements analaysis, a model is usually developed using a modeling language. If 
however, due to poor documentation, a model does not exist, the tool can be used to get the 
system requriements from the program source codes. In this chapter, we discuss the tool 
that provides the ease in coming up with the system requirements when the system does not 
support the proper documents for requirements analysis.  
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We have also described in this chapter our idea on how to read the program source codes, 
parse it to parser and then convert it to system requirements. We are currently improving 
our algorithm of extracting the tokens in order to reduce the ambiguities of the system 
requirements. For future work, the tool can also be designed to parse other types of 
programming languages such as Java and C#.  

 
7. Acknowledgements 
 

The authors would like to thanks Universiti Tun Hussein Onn Malaysia (UTHM) for 
supporting this research under the short term research grant. 

 
8. References 
 

Altova (2008). UML Reverse Engineering, 
 http://www.altova.com/features_reverse_engineer.html 
Bahrami A. (1999). Object-Oriented Systems Development, Mc-Graw Hill, Singapore. 
Cremer K., Marburger A. and Westfechtel (2002). Graph-based Tools for Re-engineering, 

Journal of Software Maintenance and Evolution: Research and Practice, Voulme 14, 
Issue 4, pp 257-292. 

Heumann J. (2001). Generating Test Cases from Use Cases, Rational Software, IBM. 
Hoffer J., George J. and Valacich J. (2008). Modern Systems Analysis and Design, 5th 

Edition, Pearson International Edition, New Jersey. 
Knodel J., Muthig D. and Naab M. (2006). Understanding Software Architectures by 

Visualization – An Experiment with Graphical Elements, Proceeding of the 13th 
Working Conference on Reverse Engineering (WCRE 2006). 

Musker D. (1998). Reverse Engineering, IBC Conference on Protecting & Exploiting 
Intellectual Property in Electronics. 

Pons C., Giandini R., Baum G., Garbi J.L., Mercado P. (2003). Specification and Checking 
Dependency Relations between UML Models, in UML and the Unified Process. 
Hershey: IGI Publishing, 2003, pp 237-253. 

Rational. (2003). Mastering Requirements Management with Use Cases, Rational Software, 
IBM. 

Rosziati I. (2008). An Introduction to Object-Oriented Programming with UML using 
Borland C++, UTHM Publication. ISBN 9789832963776. 

Schwarz B., Debray S. and Andrews G. (2002). Disassembly of Executable Code Revisited, 
Proceedings IEEE Working Conference on Reverse Engineering, October 2002, pp 
45-54. 

Selic B.V. (2004). On the Semantic Foundations of Standard UML 2.0, in Formal Methods for 
the Design of Real-Time Systems, Vol. 3185/2004, Springer Berlin, pp 181-199. 

Sommerville I. (2007). Software Engineering, 8th Edition, Addison Wesley, England. 
Tilley S., Wong K., Storey M. and Muller H. (1994). Programmable Reverse Engineering, 

Journal of Software Engineering and Knowledge Engineering. 
Vidgen R. (2003). Requirements Analysis and UML: Use Cases and Class Diagrams, 

Computing and Control Engineering, April 2003, pp. 12-17. 

Defect Management Strategies in Software Development 379

Defect Management Strategies in Software Development

Suma V and Gopalakrishnan Nair T.R.

X 
 

Defect Management Strategies  
in Software Development 

 
Suma V and Gopalakrishnan Nair T.R. 

Research and Industry Incubation Centre, Dayananda Sagar Institutions 
Bangalore, India 

 
1. Introduction 
 

Software is a unique entity that has laid a strong impact on all other fields either related or 
not related to software. These include medical, scientific, business, educational, defence, 
transport, telecommunication to name a few. State-of-the-art professional domain activities 
demands the development of high quality software. High quality software attributes to a 
defect-free product, which is competent of producing predictable results and remains 
deliverable within time and cost constraints. It should be manageable with minimum 
interferences. It should also be maintainable, dependable, understandable and efficient. 
Thus, a systematic approach towards high quality software development is required due to 
increased competitiveness in today’s business world, technological advances, hardware 
complexity and frequently changing business requirements.  

 
1.1 Software Engineering 
Software Engineering is a discipline that aims at producing high quality software through 
systematic, well-disciplined approach of software development. It involves methods, tools, 
best practices and standards to achieve its objective. The three main phases of software 
development life cycle (SDLC) are requirement analysis, design and implementation phase 
(Roger S. Pressman, 2005, Ian Somerville, 2006). To deploy high quality software, it is 
essential to develop a defect-free deliverable at each phase.  
A defect is any blemish, imperfection, or undesired behaviour that occurs either in the 
deliverable or in the product. Anything related to defect is a continual process and not a 
state.  

 
1.2 Need for defect management 
Defect analysis at early stages of software development reduces the time, cost and resources 
required for rework. Early defect detection prevents defect migration from requirement 
phase to design and from design phase into implementation phase (Jeff Tian, 2005). It 
enhances quality by adding value to the most important attributes of software like 
reliability, maintainability, efficiency and portability. Hence, industry should go for defect 
management at every stage of development to gain total confidence with customers (Watts 
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S. Humphrey, 1989; Kashif Adeel et al., 2005; Vasudevan S, 2005; Mukesh Soni, 2006; 
Purushotham Narayan, 2003). The two approaches of defect management are i) defect 
detection and ii) defect prevention (DP). Defect detection techniques identify defect and its 
origin. Defect prevention is a process of minimizing defects and preventing them from re-
occurrence in future. 

 
1.3 Conventional defect detection strategies 
There are several approaches to identify defects like inspections, prototypes, testing and 
correctness proof. Inspection is examination of human artefacts to detect defects at the early 
stages of software development. It is the most effective and efficient quality assurance 
technique. A prototype is an experimental version of software release. It helps both 
customer and developer to verify that the product meets all the stipulated requirements. It 
enables both parties to resolve ambiguous requirements to a well-defined specification. 
Thus, prototyping eliminates defects caused due to ambiguity. Testing is quality control 
activity that identifies defects at the time of implementation. It uncovers those defects, 
which could have escaped by identification at the early stages of development. Correctness 
proof discovers defects at coding stage. The code that fails to meet the requirements of 
correctness proof indicates existence of defect (Vasudevan. S, 2005). 

 
1.4 Defect classification 
Defect classification follows defect detection activity. Two occasions in which defects 
usually classified are i) defect injection time and ii) defect fixing time. Several models and 
tools assist in defect classification. Orthogonal Defect Classification (ODC) is the most 
popular technique that groups defects into types rather than considering them as 
individuals. It helps to identify process areas that require attention (Chillarege et al., 1992). 
Another popular approach for defect classification is HP model of defect origins, types and 
modes. This model links together defect types and origin by identifying type of defect 
appearing at the origin (Stefan Wagner, 2008). Yet, another technique of defect classification 
considers certain factors like logical functions, user interface, standards and maintainability 
and so on. Further, each company has its own methodology of classifying defects.  
Identified defects can be categorized depending on defect type. They are blocker type of 
defects which prevent continued functioning of the developer team, critical type that results 
in software crash, system hang, loss of data etc. Defect is categorized as a  major type when 
a major feature collapses and a minor type when defect causes a minor loss of function, still 
allowing an easy work around. Trivial category of defect arises due to cosmetic problems. 
Based on these categories, severity levels are assigned as either urgent/show stopper, 
medium/work around or low/cosmetic (Vasudevan S, 2005).  

 
1.5 Defect distribution 
Depending on the sequence of process in which software can be dealt with different phases 
of SDLC, defects can be accounted based on the phases in which they occur. An empirical 
study conducted across several projects from various service-based and product-based 
organizations reveals that requirement phase contains 50% to 60% of total defects. 15% to 
30% of defects are at design phase. Implementation phase contains 10% to 20% of defects. 
Remaining are miscellaneous defects that occurs because of bad fixes. Bad fixes are injection 

of secondary defects due to bad repair of defects. Table 1. is a sampled data obtained from 
several leading software industries. This depicts time and defect profile at each phase of 
development. 
 

  P1 P2 P3 P4 P5 P6 
Total project time (in man hours) 250 507 2110 4786 6944 9220 
Total  requirement time 25 55 800 2047 2597 2550.6 
Total inspection  time 2 6 48 163 208 204 
Total  testing  time 5 16 80 575 281 821 
Total number of defects 30 77 139 200 254 375 
Number of defects identified by 
inspection  16 40 68 123 112 225 

Number of blocker type of defect 3 8 15 19 25 40 

Number of critical type of defect 4 9 14 24 30 42 

Number of major type of defect 6 15 30 40 51 71 

Number of minor type of defect 7 17 34 47 48 75 

Number of trivial type of defect 10 28 46 70 100 147 

% of defects at requirements phase 51.72 59.23 57.92 59.17 56.32 56.39 

Total amount of design time 46 110 400 1323 1966 3080 

Total amount of inspection  time 5 11 48 105.84 157 246 

Total amount of testing  time 11 21 112 158.76 236 369 

Total number of defects 10 26 55 75 120 182 
Number of defects identified by 
inspection  5 14 24 33 77 102 

Number of blocker type of defect 1 2 6 7 12 16 

Number of critical type of defect 1 6 7 15 18 32 

Number of major type of defect 2 5 12 15 25 44 

Number of minor type of defect 2 5 11 16 29 42 

Number of trivial type of defect 4 8 19 22 36 48 

% of defects at design phase 17.24 20.00 22.92 22.19 26.61 27.37 

Total amount of implementation time 101 165 640 756 1300 2200 

Total amount of inspection  time 10 23 112 90.72 156 264 

Total amount of testing  time 36 45 200 113.4 195 330 

Total number of defects 8 17 36 53 67 98 
Number of defects identified by 
inspection 4 9 24 27 37 54 

Number of blocker type of defect 1 1 3 3 5 10 

Number of critical type of defect 2 4 4 12 14 21 

Number of major type of defect 2 4 9 13 13 22 

Number of minor type of defect 1 3 8 12 16 22 

Number of trivial type of defect 2 5 12 13 19 23 

% of defects at implementation phase 13.79 13.08 15.00 15.68 14.86 14.74 
Table 1. Sampled data obtained from leading software industries                             P = Project 
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modes. This model links together defect types and origin by identifying type of defect 
appearing at the origin (Stefan Wagner, 2008). Yet, another technique of defect classification 
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and so on. Further, each company has its own methodology of classifying defects.  
Identified defects can be categorized depending on defect type. They are blocker type of 
defects which prevent continued functioning of the developer team, critical type that results 
in software crash, system hang, loss of data etc. Defect is categorized as a  major type when 
a major feature collapses and a minor type when defect causes a minor loss of function, still 
allowing an easy work around. Trivial category of defect arises due to cosmetic problems. 
Based on these categories, severity levels are assigned as either urgent/show stopper, 
medium/work around or low/cosmetic (Vasudevan S, 2005).  

 
1.5 Defect distribution 
Depending on the sequence of process in which software can be dealt with different phases 
of SDLC, defects can be accounted based on the phases in which they occur. An empirical 
study conducted across several projects from various service-based and product-based 
organizations reveals that requirement phase contains 50% to 60% of total defects. 15% to 
30% of defects are at design phase. Implementation phase contains 10% to 20% of defects. 
Remaining are miscellaneous defects that occurs because of bad fixes. Bad fixes are injection 

of secondary defects due to bad repair of defects. Table 1. is a sampled data obtained from 
several leading software industries. This depicts time and defect profile at each phase of 
development. 
 

  P1 P2 P3 P4 P5 P6 
Total project time (in man hours) 250 507 2110 4786 6944 9220 
Total  requirement time 25 55 800 2047 2597 2550.6 
Total inspection  time 2 6 48 163 208 204 
Total  testing  time 5 16 80 575 281 821 
Total number of defects 30 77 139 200 254 375 
Number of defects identified by 
inspection  16 40 68 123 112 225 

Number of blocker type of defect 3 8 15 19 25 40 

Number of critical type of defect 4 9 14 24 30 42 

Number of major type of defect 6 15 30 40 51 71 

Number of minor type of defect 7 17 34 47 48 75 

Number of trivial type of defect 10 28 46 70 100 147 

% of defects at requirements phase 51.72 59.23 57.92 59.17 56.32 56.39 

Total amount of design time 46 110 400 1323 1966 3080 

Total amount of inspection  time 5 11 48 105.84 157 246 

Total amount of testing  time 11 21 112 158.76 236 369 

Total number of defects 10 26 55 75 120 182 
Number of defects identified by 
inspection  5 14 24 33 77 102 

Number of blocker type of defect 1 2 6 7 12 16 

Number of critical type of defect 1 6 7 15 18 32 

Number of major type of defect 2 5 12 15 25 44 

Number of minor type of defect 2 5 11 16 29 42 

Number of trivial type of defect 4 8 19 22 36 48 

% of defects at design phase 17.24 20.00 22.92 22.19 26.61 27.37 

Total amount of implementation time 101 165 640 756 1300 2200 

Total amount of inspection  time 10 23 112 90.72 156 264 

Total amount of testing  time 36 45 200 113.4 195 330 

Total number of defects 8 17 36 53 67 98 
Number of defects identified by 
inspection 4 9 24 27 37 54 

Number of blocker type of defect 1 1 3 3 5 10 

Number of critical type of defect 2 4 4 12 14 21 

Number of major type of defect 2 4 9 13 13 22 

Number of minor type of defect 1 3 8 12 16 22 

Number of trivial type of defect 2 5 12 13 19 23 

% of defects at implementation phase 13.79 13.08 15.00 15.68 14.86 14.74 
Table 1. Sampled data obtained from leading software industries                             P = Project 
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1.6 Defect pattern of various types of defects  
Table 1. indicates the existence of various types of defect pattern at each phase of software 
development. Table 2. indicates percentage of possibility of occurrences of various defect 
patterns.  
 

          Type of  defect Possibility % of defect 
occurrences    

Overall defect pattern 
 

Blocker type 5% to 15% 10% 
Critical type 10% to 25% 20% 
Major type 20% to 25% 25% 
Minor type 10% to 20% 15% 
Trivial type 15% to 55% 30% 

Table 2. Defect pattern in software development 
 
Rationale for defect occurrences 
It is a universally accepted fact that nothing can be created with absolute perfection. 
Software engineering is not an exception. Thus, there inevitably exists rationale for defect 
occurrences. The common causes for defect occurrences at requirements phase are 
requirement incompleteness, inconsistency, ambiguity, requirement change and 
requirement presentation. The common reasons for defect occurrences at design phase are 
non-conformance to external specifications, internal specifications, logical specifications, 
interface specifications, component specification, security, organizational policies and 
standards in addition to non–conformance to design with requirement specification. The 
common sources for defect occurrences at implementation phase are improper error 
handling, improper algorithm, programming language shortcomings, wrong data access 
and novice developers (Purushotham Narayan, 2003). 

 
1.7 Root cause analysis for defect pattern 
Root Cause Analysis (RCA) is an effective technique to investigate the origin for defect 
injection (David N. Card, 2006). This analysis helps to prevent reoccurrences of defect in 
future. Three general classifications of tools that support root cause analysis are i) problem 
solving tools ii) management and planning tools iii) product development and process 
improvement tools. Problem solving tools includes pareto charts, check sheet, cause-and 
effect-diagram (CED), histograms, scatter plots, trend analysis graphs and control charts. 
They are basic tools of quality. They break potential root cause into more detailed root 
causes to identify all related factors for defect occurrence. Management and planning tools 
includes affinity diagrams, relations diagrams, matrix data analysis charts, hierarchy 
diagrams, matrices and tables to display value and priority, precedence diagrams. They 
establish quantifying interrelationship between potential root causes and factors driving 
these root causes. Product development and process improvement tools include failure 
modes and effect analysis (FMEA), fault tree analysis (FTA) and potential problem analysis 
and current reality tree (CRT) (Anthony Mark Doggett, 2004). 
Root cause analysis is either logical analysis or statistical analysis. Logical analysis 
establishes a logical relation between effect and cause. This is usually human intensive 
analysis that demands expertise knowledge of product, process, development and 
environment. Statistical analysis establishes the probability relation of effect and cause. This 

relation depends upon empirical studies of similar projects or from evidences collected 
within the project (Jeff Tian, 2001). 

 
1.8 The most common root cause classification 
Despite the existence of various rationales, RCA techniques enable to classify the most 
common root causes and percentage of their contributions towards various defect patterns. 
They are communication (25% to 30%), education (20% to 25%), oversight (30% to 40%), 
transcription (20% to 25%) and miscellaneous (5% to 10%). From the defect distribution and 
defect pattern analysis, it is evident that trivial defects contribute more towards defect 
injection.  

 
2. Defect prevention 
 

Awareness of defect injecting methods and processes enables defect prevention. It is the 
most significant activity in software development. It identifies defects along with their root 
causes and prevents their reoccurrences in future.   

 
2.1 Benefits of defect prevention 
Defect prevention is vital for the successful operation of the industry. Since three decades, 
the benefits of DP are widely recognised and remedial measures are taken to overcome the 
impact of defect on quality. Inspection is cost effective as defects get uncovered in the early 
developmental phases, adds value to the dependency attributes of software like 
maintainability, availability and reliability. It enhances quality and gains customer 
satisfaction at all levels. It’s adherence to meet the committed schedules further enhances 
the total productivity. It reflects the maturity level of the company and builds up the team 
spirit (Caper Jones, 2008). It is process, product and team appraisal activity and a 
mechanism for propagating the knowledge of lessons learned between projects or between 
various phases of software development (Van Moll, 2002). 
 Therefore, it is imperative to introduce DP at every stage of software life cycle to block 
defects at the earliest. It is necessary to take corrective actions for its removal and avoidance 
of its reoccurrence. 

 
2.2 Conventional defect prevention strategies 
Since the inception of DP activities in industry, several strategies have evolved towards their 
implementation. They are coined as conventional DP strategies. 
The three conventional defect prevention strategies are 

i. Product approach of defect prevention  
ii. Process approach of defect prevention 

iii. Automation of development process  (Jeff Tian ,2001) 
i) The three product approaches of defect prevention techniques are defect prevention 

through error removal technique, defect reduction through fault detection and removal 
technique and defect containment through failure prevention technique. 

DP through error removal technique 
Defects occurring due to human actions are removed by following any of the following 
techniques 
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impact of defect on quality. Inspection is cost effective as defects get uncovered in the early 
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mechanism for propagating the knowledge of lessons learned between projects or between 
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 Therefore, it is imperative to introduce DP at every stage of software life cycle to block 
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2.2 Conventional defect prevention strategies 
Since the inception of DP activities in industry, several strategies have evolved towards their 
implementation. They are coined as conventional DP strategies. 
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i. Product approach of defect prevention  
ii. Process approach of defect prevention 

iii. Automation of development process  (Jeff Tian ,2001) 
i) The three product approaches of defect prevention techniques are defect prevention 

through error removal technique, defect reduction through fault detection and removal 
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DP through error removal technique 
Defects occurring due to human actions are removed by following any of the following 
techniques 
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Train and educate the developers 
Nearly 50% to 75% of the defects are due to human actions. Therefore, development team 
need training and education in product and domain specific knowledge. Further, an 
effective DP emphasize on a systematic approach of system development. Introduction of 
best practices like clean room approach, personal software process and team software 
reduces defect injection.  
Use of formal methods like formal specification and formal verification 
Formal methods consists of formal specification and formal verification techniques for 
defect detection. Formal specification uses formal logic and discrete mathematics to check 
for ambiguous, inconsistent and incomplete requirement specification. Formal verification 
verifies design constructs against the validated requirement specification. This avoids 
injection of accidental defects.     
DP based on tools, technologies, process and standards 
Defect injection reduces with use of object-oriented technology, follow up of well-defined 
process, right choice of tools and adherence to appropriate standards for product 
development 
Prevention of defects by analyzing the root causes for defects  
Root cause analysis is the most effective method of addressing defect. It is a periodic 
assessment to identify the root causes of defects with the aid of tools and methods like 
cause/effect diagrams, pareto analysis etc. Implementations of corresponding corrective 
actions along with preventive actions eradicate future defects.  
Defect reduction through fault detection and removal technique 
Organizations that develop safety critical projects and complex projects adopt fault 
detection and removal technique. Inspection is a static technique of fault detection and 
removal that examines human artefacts to detect and eliminate static defects. This prevents 
defect migration into later phases of development and consequently its manifestation. 
Testing is a dynamic activity that detects and eliminates dynamic defects that occur in 
software product during the development process. Testing includes all tests from unit test 
up to beta test. 
Defect containment through failure prevention technique 
Defect containment is a technique either to eliminate the causal relation that exits between 
fault and failure or to minimize the impact of their relation. As a result, faults continue to 
reside in the product but prevent defects. Techniques used for this purpose include recovery 
blocks, n-version programming, safety assurance and failure containment.  
ii) From the perception of process approach of defect prevention technique, the  
management of software industry holds certain responsibilities in DP. Some of the actions 
that are handled as described in process change management key process area are – goals, 
commitment to perform, ability to perform, activities performed, measurements and 
analysis and verifying implementations (Pankaj Jalote, 2002).  
Goals  
The organization establishes goals like plan for DP, identify common causes for defects, 
prioritize the common causes and take corrective actions to eliminate them.  
Commitment to perform 
Implementation of these goals appears in the form of written policies both for organization 
and for the product. It includes long-term plans for financial, human and any other resource 
support that are required for DP activities. Implementation of the DP activities and 
continual review of them forms a part of organizational policy.  

Ability to perform 
In accordance with the Key Process Area, an organizational level team and project level 
team exists to perform DP activities. A schedule to perform DP activities is prepared. The 
plan describes the task kick-off meetings, causal analysis meetings, implementing actions 
and their review, management participation, training activities, tools suitable to perform DP 
activities etc.  
Activities performed 
Performance of DP activities complies with the scheduled plan. DP activities include 
recommendation of corrective actions for defects, documentation, review and verification of 
the DP action items, control and management of DP data. 
Measurements and analysis 
Measurements confirm the status of DP activities. Knowledge of fundamentals of 
measurement and analysis forms the key path to success. Measurement and analysis enables 
the management to gain process insight of their organization. 
Verifying implementations 
Verification of implementation includes review of DP activities on a periodic basis with 
management, project managers and quality assurance group. It helps to accomplish 
continual process improvement in the organization. 
iii) DP through automation of development process 
There are many tools in usage for managing defects. Currently, several methods are under 
development that can detect and manage defects in an autonomic nature. Automation 
eliminates human intensive defects. Therefore, automation of development process is 
another approach towards DP. Automation tools are available from requirements phase to 
testing phase. Tools for automation purpose at requirements phase are quite expensive. 
Automation of attributes like consistency check is possible while attributes like 
completeness check may not be possible to automate completely. Tools used at this phase 
include requirement management tool, requirements recorder tool, requirement verifier’s 
tool etc. Design tools include database design tool, applications design tool, visual 
modelling tool like Rational Rose etc. Automation of testing phase is by the use of tools like 
code generation tool, code-testing tool and code-coverage-analyzer tool. Several tools like 
defect tracking tool, configuration management tool and test procedures generation tool are 
functional at all phases of development (Elfriede Dustin at el., 1999; 2009). 

 
2.3 Changing trends in defect management 
The key challenge of software industry is to engineer a software product with minimum 
post deployment defects. Advancement in fundamental engineering aspects of software 
development enables I.T. enterprises to develop a more cost effective and better quality 
product through systematic defect detection and prevention strategies. Investing in defect 
prevention reduces the cost of defect detection and elimination. It is a sensible commitment 
towards production of quality software. Small increase in the prevention measures overall 
produces a major decrease in total quality cost. The main intent of quality cost analysis is 
not to remove the cost entirely. However, it ensures maximum benefit from the investment. 
The knowledge of quality cost analysis brings awareness from detection of defects to 
prevention of defects (Spiewak R & McRitchie K, 2008). An observation in progressive 
software industries prove the fact that cost to ensure quality reduces with defect detection 
and prevention strategies. 

Defect Management Strategies in Software Development 385

Train and educate the developers 
Nearly 50% to 75% of the defects are due to human actions. Therefore, development team 
need training and education in product and domain specific knowledge. Further, an 
effective DP emphasize on a systematic approach of system development. Introduction of 
best practices like clean room approach, personal software process and team software 
reduces defect injection.  
Use of formal methods like formal specification and formal verification 
Formal methods consists of formal specification and formal verification techniques for 
defect detection. Formal specification uses formal logic and discrete mathematics to check 
for ambiguous, inconsistent and incomplete requirement specification. Formal verification 
verifies design constructs against the validated requirement specification. This avoids 
injection of accidental defects.     
DP based on tools, technologies, process and standards 
Defect injection reduces with use of object-oriented technology, follow up of well-defined 
process, right choice of tools and adherence to appropriate standards for product 
development 
Prevention of defects by analyzing the root causes for defects  
Root cause analysis is the most effective method of addressing defect. It is a periodic 
assessment to identify the root causes of defects with the aid of tools and methods like 
cause/effect diagrams, pareto analysis etc. Implementations of corresponding corrective 
actions along with preventive actions eradicate future defects.  
Defect reduction through fault detection and removal technique 
Organizations that develop safety critical projects and complex projects adopt fault 
detection and removal technique. Inspection is a static technique of fault detection and 
removal that examines human artefacts to detect and eliminate static defects. This prevents 
defect migration into later phases of development and consequently its manifestation. 
Testing is a dynamic activity that detects and eliminates dynamic defects that occur in 
software product during the development process. Testing includes all tests from unit test 
up to beta test. 
Defect containment through failure prevention technique 
Defect containment is a technique either to eliminate the causal relation that exits between 
fault and failure or to minimize the impact of their relation. As a result, faults continue to 
reside in the product but prevent defects. Techniques used for this purpose include recovery 
blocks, n-version programming, safety assurance and failure containment.  
ii) From the perception of process approach of defect prevention technique, the  
management of software industry holds certain responsibilities in DP. Some of the actions 
that are handled as described in process change management key process area are – goals, 
commitment to perform, ability to perform, activities performed, measurements and 
analysis and verifying implementations (Pankaj Jalote, 2002).  
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Implementation of these goals appears in the form of written policies both for organization 
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continual review of them forms a part of organizational policy.  
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In accordance with the Key Process Area, an organizational level team and project level 
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not to remove the cost entirely. However, it ensures maximum benefit from the investment. 
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Changing trends in defect management enables transition from postproduction detection 
technique to preproduction detection technique and in situ detection during developmental 
phase. Here we describe some of the modern approaches in situ detection during the 
software development. 
Cost quality analysis through defect injection and defect removal techniques 
Recent research trend includes study of cost investment in defect injection and defect 
removal as a part of process maturity (Lars M. Karg & Arne Beckhaus, (2007). Phase-based 
defect removal model (DRM) analyses phase wise number of defects injected, number of 
defects removed and number of defects escaped from previous phase to the current phase.  
Defect prediction 
The industry’s current interest is towards predicting the number of latent defects. Defect 
prediction is a technique of detecting the quality of the software before deployment. It 
enhances both project and product performance. The main intension is to gain complete 
confidence with the customers through the products. Defect prediction techniques include 
empirical defect prediction, defect discovery profile, Constructive Quality Model 
(COQUALMO), Orthogonal Defect Classification (Bard Clark & Dave Zubrow, 2001). 
Personal quality management 
Major contribution for defect occurrences is human intensive. Hence, modern strategy of 
defect management emphasizes upon personal quality management. It provides individual 
software developers as well the team to prevent and remove defects at the early stages of 
the development. It has a promising and positive impact on software quality. Essence of 
personal software process and team software process is to make quality aspect more 
individual responsibility and group cohesiveness (Watts S. Humphrey, 1994).  
Modern approach of testing 
Defect prevention is one of the best ways of defect management. Testing detects those 
defects, which has escaped the eyes of developers. It only detects presence of defects but 
cannot prevent them (Ian Sommerville, 2008; Srinivasan N. & P. Thambidurai, 2007; 
Glenford J. Myers at el. 2004). It is the slowest technique in software process for defect 
detection. Testing is the last opportunity to weed out the defects that is highly expensive to 
deal with at the later stages. Conventional classifications of testing are by purpose, by life 
cycle phase and by scope. Testing by purpose includes correctness testing, performance 
testing, reliability testing and security testing. Testing by life cycle phase includes 
requirements phase testing, design phase testing, implementation phase testing, evaluating 
test results, installation phase testing, acceptance testing and maintenance testing. Testing 
by scope includes unit testing, component testing, integration testing and system testing. 
Modern approach of testing includes test automation. It increases quality and reduces 
testing cost and time. This insists a need for automation strategy to decide upon what, when 
and how much to automate. It requires prioritization of automation test plans too (Hung Q. 
Nguyen at el., 2006). 
System testing using Markov chain model is an advanced testing approach. This technique 
of testing emphasize upon the probability of defect occurrence, probability of the usage of 
the functionality, most probable test for the functionality, required test coverage using 
postman algorithm and possibility of automating the entire testing process (Prowell, S.J., 
2005).  
Agile approach of software development integrates testing as a continual developmental 
activity. Time to market is the motto for agile approach of software development. It 

redefines traditional formal quality assurance activities into daily activity. Test automation 
is a basic requirement in this approach (Peter Schuh, 2005). 

 
3. Significance of inspection technique in defect detection and prevention 
 

With the knowledge of defect and defect management strategy, we now describe the 
effectiveness and efficiency of inspection technique in defect detection and prevention. It 
largely reduces defect migration and manifestation into later stages of development. Since 
three decades, inspection has proven to be the most mature, valuable and competent 
technique in this challenging area (Micheal Fagan, 2002;  Sami Kollanus & Jussi Koskinen , 
2007, Rombach at el., 2008).  

 
3.1 Origin of inspection  
Conventional approach of software development was not successful in delivering a defect-
free product. Estimates of rework to fix a defect reported by customers ranged from 30% to 
80% of total developmental effort. Hence, it was required to detect defects in the product 
and the process that cause defect occurrence. This led to the origin of inspections in software 
development. Groundwork for software inspection was in 1972 by Michael Fagan. He is the 
pioneer of inspections. He emphasized on inspection to be a formal activity. In his original 
data, he was able to detect 82% of defects during design and code inspection. By 
implementing software inspection in their process, he was able to save millions of dollars in 
developmental cost. For this reason, Fagan received largest corporate individual award 
(Michael Fagan, 2002).  

 
3.2 Benefits of inspection 
Inspection is one of the powerful techniques for the early defect detection. Inculcating the 
inspection activity in SDLC serves to be one of the best practises in the developmental 
process. Benefits reaped by implementing inspection technique in the software process are 
reduction of defects earlier in the product and process at less cost. It increases customer 
satisfaction and enhances productivity. It ships the product within the specified time, 
deploy high quality product and saves cost, time and developmental effort towards rework. 
It further reflects process maturity of software industry and builds team spirit. It also 
strengthens individual confidence and reduces testing time. It also serves as a defect 
preventive measure (Caper Jones, 2008; Roger Stewart & Lew Priven, 2008; David L. Parnas 
& Mark Lawford, 2003; Oliver Laitenberger, 2002; Karl E. Wiegers, 1995; Doolan E. P., 1992). 

 
3.3 Inspection techniques 
Michael Fagan first seeded the concept of formal inspection technique. However, many 
great contributions have been made in the domain of inspection. Few of these contributions 
are discussed as various popular inspection techniques (Bordin Sapsomboon, 1999). They 
are 
Fagan’s Software Inspection  
Fagan’s Inspection is a structured, meeting-oriented procedure, which includes the activities 
of overview, preparation, inspection, rework and follow-up. Inspection meeting identifies, 
classifies and logs all possible defects.  
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defect removal model (DRM) analyses phase wise number of defects injected, number of 
defects removed and number of defects escaped from previous phase to the current phase.  
Defect prediction 
The industry’s current interest is towards predicting the number of latent defects. Defect 
prediction is a technique of detecting the quality of the software before deployment. It 
enhances both project and product performance. The main intension is to gain complete 
confidence with the customers through the products. Defect prediction techniques include 
empirical defect prediction, defect discovery profile, Constructive Quality Model 
(COQUALMO), Orthogonal Defect Classification (Bard Clark & Dave Zubrow, 2001). 
Personal quality management 
Major contribution for defect occurrences is human intensive. Hence, modern strategy of 
defect management emphasizes upon personal quality management. It provides individual 
software developers as well the team to prevent and remove defects at the early stages of 
the development. It has a promising and positive impact on software quality. Essence of 
personal software process and team software process is to make quality aspect more 
individual responsibility and group cohesiveness (Watts S. Humphrey, 1994).  
Modern approach of testing 
Defect prevention is one of the best ways of defect management. Testing detects those 
defects, which has escaped the eyes of developers. It only detects presence of defects but 
cannot prevent them (Ian Sommerville, 2008; Srinivasan N. & P. Thambidurai, 2007; 
Glenford J. Myers at el. 2004). It is the slowest technique in software process for defect 
detection. Testing is the last opportunity to weed out the defects that is highly expensive to 
deal with at the later stages. Conventional classifications of testing are by purpose, by life 
cycle phase and by scope. Testing by purpose includes correctness testing, performance 
testing, reliability testing and security testing. Testing by life cycle phase includes 
requirements phase testing, design phase testing, implementation phase testing, evaluating 
test results, installation phase testing, acceptance testing and maintenance testing. Testing 
by scope includes unit testing, component testing, integration testing and system testing. 
Modern approach of testing includes test automation. It increases quality and reduces 
testing cost and time. This insists a need for automation strategy to decide upon what, when 
and how much to automate. It requires prioritization of automation test plans too (Hung Q. 
Nguyen at el., 2006). 
System testing using Markov chain model is an advanced testing approach. This technique 
of testing emphasize upon the probability of defect occurrence, probability of the usage of 
the functionality, most probable test for the functionality, required test coverage using 
postman algorithm and possibility of automating the entire testing process (Prowell, S.J., 
2005).  
Agile approach of software development integrates testing as a continual developmental 
activity. Time to market is the motto for agile approach of software development. It 

redefines traditional formal quality assurance activities into daily activity. Test automation 
is a basic requirement in this approach (Peter Schuh, 2005). 

 
3. Significance of inspection technique in defect detection and prevention 
 

With the knowledge of defect and defect management strategy, we now describe the 
effectiveness and efficiency of inspection technique in defect detection and prevention. It 
largely reduces defect migration and manifestation into later stages of development. Since 
three decades, inspection has proven to be the most mature, valuable and competent 
technique in this challenging area (Micheal Fagan, 2002;  Sami Kollanus & Jussi Koskinen , 
2007, Rombach at el., 2008).  

 
3.1 Origin of inspection  
Conventional approach of software development was not successful in delivering a defect-
free product. Estimates of rework to fix a defect reported by customers ranged from 30% to 
80% of total developmental effort. Hence, it was required to detect defects in the product 
and the process that cause defect occurrence. This led to the origin of inspections in software 
development. Groundwork for software inspection was in 1972 by Michael Fagan. He is the 
pioneer of inspections. He emphasized on inspection to be a formal activity. In his original 
data, he was able to detect 82% of defects during design and code inspection. By 
implementing software inspection in their process, he was able to save millions of dollars in 
developmental cost. For this reason, Fagan received largest corporate individual award 
(Michael Fagan, 2002).  

 
3.2 Benefits of inspection 
Inspection is one of the powerful techniques for the early defect detection. Inculcating the 
inspection activity in SDLC serves to be one of the best practises in the developmental 
process. Benefits reaped by implementing inspection technique in the software process are 
reduction of defects earlier in the product and process at less cost. It increases customer 
satisfaction and enhances productivity. It ships the product within the specified time, 
deploy high quality product and saves cost, time and developmental effort towards rework. 
It further reflects process maturity of software industry and builds team spirit. It also 
strengthens individual confidence and reduces testing time. It also serves as a defect 
preventive measure (Caper Jones, 2008; Roger Stewart & Lew Priven, 2008; David L. Parnas 
& Mark Lawford, 2003; Oliver Laitenberger, 2002; Karl E. Wiegers, 1995; Doolan E. P., 1992). 

 
3.3 Inspection techniques 
Michael Fagan first seeded the concept of formal inspection technique. However, many 
great contributions have been made in the domain of inspection. Few of these contributions 
are discussed as various popular inspection techniques (Bordin Sapsomboon, 1999). They 
are 
Fagan’s Software Inspection  
Fagan’s Inspection is a structured, meeting-oriented procedure, which includes the activities 
of overview, preparation, inspection, rework and follow-up. Inspection meeting identifies, 
classifies and logs all possible defects.  
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Formal Technical Reviews  
Formal technical reviews consist of a group of technical personnel who cooperate with each 
other to analyze the artefacts of the software development process. The outcome is a 
structured report. The main objective is to examine the artefact, appraise it and produce a 
summary report. Effectiveness of reviews to reach expected quality complies with standards 
and guidelines in the form of checklists, forms, summary reports etc. 
Structured Walkthroughs 
Walkthrough is a peer review process carried out by a group of non managerial staff where 
each participant has their well specified roles like scribe, reviewer, author and so on. A 
structured walkthrough has a set of defined phase activities and the outcome is a list of 
comments or discussions made. They are a means of educating the participants in the 
software project. 
Code Reading 
Code reading is informal activity where a small group of participants reads the source code 
for defect identification at an optimal rate of approximately 1K lines per day.  
Humphrey’s Inspection Model 
A specialized team carries out inspection with well-defined roles assigned to each member 
of the team. It is an extension of Fagan’s Inspection. The model includes overview, 
preparation, analysis, inspection, rework and follow-up in lieu of three steps of preparation, 
inspection and repair. It is a structured technique of inspection. 
Formal Technical Asynchronous review method (FT Arm) 
This technique employs the parallel activities of setup, orientation, private review, public 
review, consolidation and group review. Result of private review is reviewer’s comments 
for each node. In public review, each reviewer vote asynchronously for each comment 
through open discussion. Consolidation of the public and private review resolves the issues. 
Group review meeting will take up unresolved issues. Thus, all activities in FT Arm 
technique of inspection are asynchronous. 
Gilb Inspection 
 Gilb inspection technique includes entry, planning, checking, logging, brainstorming, edit, 
follow-up, exit activities. Inspection process begins when certain entry criteria is met. With 
the identification of defects, their rectification through RCA and logging, an exit criteria is 
declared. This acts as a token of completion of inspection.  
Phased Inspection 
The main advantage of the phased inspection is to deliver the defect-free product by 
emphasising on the quality attributes like maintainability, portability, reusability etc. 
Phased inspection technique uses computer-supported software inspection. Each inspection 
phase occurs in serial fashion by either a single inspector or multiple inspectors to review. 
The activities involved are examination, inspection and reconciliation. 
N-fold Inspection 
In N-fold inspections, multiple inspections occur in parallel for the same artefact. The 
prediction is that multiple inspections can detect those defects that might have escaped from  
the eyes of a single inspector. 
 
Clean room approach 
Clean room approach is an advanced inspection technique that aims at delivering a zero or 
minimal defect product. The key feature of this approach is usage of mathematical 
reasoning for correctness proof.  

3.4 Inspection Metrics 
Metrics are numerical values that quantify the process and the product. They define, 
measure, manage, monitor and improve the effectiveness of the process and the product. 
They serve as criteria upon which the inspection planning improves (David F. Rico, 2004). 
The main objective of using inspection metrics is to improve on defect detection and reduce 
cost of rework. Identification of defect at the deployment stage or even later in the 
development phases is highly expensive. Cost to fix a defect found at requirement phase 
after deployment of the product is 100 times the cost of fixing it at the phase. Cost to fix a 
defect found at design phase after shipment of the product is 60x. Cost to fix a defect at 
implementation phase found by customers is 20x. Above cost quality analysis proves the 
significance of inspection in developmental process. The most commonly used inspection 
metrics are 
 

Total number of defects = A+ B – C                    (1) 
 
Where A and B are the total number of defects detected by reviewer 1 and reviewer 2 while 
C is the total number of common defects detected by both reviewers . 
 
Defect density is the ratio of the number of defects found to the size of the artefact where 
size can be lines of code or number of modules, number of function points etc. according to 
the suitability of industrial house engaged in the process. 
 

Defect Density = Total defects found / Size (2) 
 
Estimated Total Number of Defects is the sum of the total number of defects found and the 
estimated total number of defects remaining. Capture recapture approach detects total 
number of defects.  
 

Estimated Total Number of Defects = A * B / C 
 (by considering only two reviews for simplicity) (3) 

 
The Defect Removal Efficiency (DRE) of an inspection process is also termed as Inspection 
Yield, which is 
 

Inspection Yield = Total Defects Found / 
Estimated Total Defects * 100 % (4) 

 
Defect Removal Efficiency is a measure for the defect removal ability in the development 
process. This measurement can be either for the entire life cycle or for each phase of the 
development life cycle. Use of DRE at front end (before the code integration) is early defect 
removal and when used at specific phase, it is phase effectiveness (Jasmine K.S and 
Vasantha R. 2007). 
 

DRE = (Defects removed during a development 
phase / defects latent in the product)* 100%   (5) 
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 (by considering only two reviews for simplicity) (3) 

 
The Defect Removal Efficiency (DRE) of an inspection process is also termed as Inspection 
Yield, which is 
 

Inspection Yield = Total Defects Found / 
Estimated Total Defects * 100 % (4) 

 
Defect Removal Efficiency is a measure for the defect removal ability in the development 
process. This measurement can be either for the entire life cycle or for each phase of the 
development life cycle. Use of DRE at front end (before the code integration) is early defect 
removal and when used at specific phase, it is phase effectiveness (Jasmine K.S and 
Vasantha R. 2007). 
 

DRE = (Defects removed during a development 
phase / defects latent in the product)* 100%   (5) 
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Formal Technical Reviews  
Formal technical reviews consist of a group of technical personnel who cooperate with each 
other to analyze the artefacts of the software development process. The outcome is a 
structured report. The main objective is to examine the artefact, appraise it and produce a 
summary report. Effectiveness of reviews to reach expected quality complies with standards 
and guidelines in the form of checklists, forms, summary reports etc. 
Structured Walkthroughs 
Walkthrough is a peer review process carried out by a group of non managerial staff where 
each participant has their well specified roles like scribe, reviewer, author and so on. A 
structured walkthrough has a set of defined phase activities and the outcome is a list of 
comments or discussions made. They are a means of educating the participants in the 
software project. 
Code Reading 
Code reading is informal activity where a small group of participants reads the source code 
for defect identification at an optimal rate of approximately 1K lines per day.  
Humphrey’s Inspection Model 
A specialized team carries out inspection with well-defined roles assigned to each member 
of the team. It is an extension of Fagan’s Inspection. The model includes overview, 
preparation, analysis, inspection, rework and follow-up in lieu of three steps of preparation, 
inspection and repair. It is a structured technique of inspection. 
Formal Technical Asynchronous review method (FT Arm) 
This technique employs the parallel activities of setup, orientation, private review, public 
review, consolidation and group review. Result of private review is reviewer’s comments 
for each node. In public review, each reviewer vote asynchronously for each comment 
through open discussion. Consolidation of the public and private review resolves the issues. 
Group review meeting will take up unresolved issues. Thus, all activities in FT Arm 
technique of inspection are asynchronous. 
Gilb Inspection 
 Gilb inspection technique includes entry, planning, checking, logging, brainstorming, edit, 
follow-up, exit activities. Inspection process begins when certain entry criteria is met. With 
the identification of defects, their rectification through RCA and logging, an exit criteria is 
declared. This acts as a token of completion of inspection.  
Phased Inspection 
The main advantage of the phased inspection is to deliver the defect-free product by 
emphasising on the quality attributes like maintainability, portability, reusability etc. 
Phased inspection technique uses computer-supported software inspection. Each inspection 
phase occurs in serial fashion by either a single inspector or multiple inspectors to review. 
The activities involved are examination, inspection and reconciliation. 
N-fold Inspection 
In N-fold inspections, multiple inspections occur in parallel for the same artefact. The 
prediction is that multiple inspections can detect those defects that might have escaped from  
the eyes of a single inspector. 
 
Clean room approach 
Clean room approach is an advanced inspection technique that aims at delivering a zero or 
minimal defect product. The key feature of this approach is usage of mathematical 
reasoning for correctness proof.  

3.4 Inspection Metrics 
Metrics are numerical values that quantify the process and the product. They define, 
measure, manage, monitor and improve the effectiveness of the process and the product. 
They serve as criteria upon which the inspection planning improves (David F. Rico, 2004). 
The main objective of using inspection metrics is to improve on defect detection and reduce 
cost of rework. Identification of defect at the deployment stage or even later in the 
development phases is highly expensive. Cost to fix a defect found at requirement phase 
after deployment of the product is 100 times the cost of fixing it at the phase. Cost to fix a 
defect found at design phase after shipment of the product is 60x. Cost to fix a defect at 
implementation phase found by customers is 20x. Above cost quality analysis proves the 
significance of inspection in developmental process. The most commonly used inspection 
metrics are 
 

Total number of defects = A+ B – C                    (1) 
 
Where A and B are the total number of defects detected by reviewer 1 and reviewer 2 while 
C is the total number of common defects detected by both reviewers . 
 
Defect density is the ratio of the number of defects found to the size of the artefact where 
size can be lines of code or number of modules, number of function points etc. according to 
the suitability of industrial house engaged in the process. 
 

Defect Density = Total defects found / Size (2) 
 
Estimated Total Number of Defects is the sum of the total number of defects found and the 
estimated total number of defects remaining. Capture recapture approach detects total 
number of defects.  
 

Estimated Total Number of Defects = A * B / C 
 (by considering only two reviews for simplicity) (3) 

 
The Defect Removal Efficiency (DRE) of an inspection process is also termed as Inspection 
Yield, which is 
 

Inspection Yield = Total Defects Found / 
Estimated Total Defects * 100 % (4) 

 
Defect Removal Efficiency is a measure for the defect removal ability in the development 
process. This measurement can be either for the entire life cycle or for each phase of the 
development life cycle. Use of DRE at front end (before the code integration) is early defect 
removal and when used at specific phase, it is phase effectiveness (Jasmine K.S and 
Vasantha R. 2007). 
 

DRE = (Defects removed during a development 
phase / defects latent in the product)* 100%   (5) 
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Latent defects is the sum of defects removed during the phase and the defects found late. 
Inspection Time is the total inspection time measured in hours which is given by 
 

Inspection Time = Sum of each reviewer’s review 
time + total person time spent in each meeting (6) 

 
Inspection Rate can be computed with the inspection time and the size of the artefact, which 
is measurable in terms of number of pages or LOC or other such measures as 
 

Inspection Rate = Size / Total Inspection 
Time (7) 

 
The defect detection Rate is estimated based on efficiency in detecting the defects which is 
computed as 
 

Defect Finding Efficiency = Total Defects 
Found / Total Inspection Time (8) 

 
A new metric to quantify the inspection capability is recently introduced. The metric is 
accepted widely and identifies itself as Depth of Inspection (DI), which is defined as 
 

Depth of Inspection = Total defects identified by 
inspection/Total defects identified by inspection 
and testing 

(9) 

 
Depth of inspection yield and depth of testing yield are two new measures to quantify the 
efficiency of defect capturing technique.  
 

Depth of inspection (%) = number of defects 
detected by inspection / total number of defects 
detected by both inspection and testing * 100 

(10) 

 
Depth of testing (%) = number of defects 
detected by testing / total number of defects 
detected by both inspection and testing * 100 

(11) 

 
Above equations from (1) to (11) are some of the measures that quantify the outcome of 
inspection activity. 

 
4. Analysis of inspection process in various life cycle phases in software 
development 
 

Inspection is functional at every phase of the software development to uncover maximum 
number of defects. This defect prevention approach has proved to be most effective and 
efficient among several other existing approaches. 

 During requirements phase, the product manager interacts with the sales person, marketing 
person and stakeholders to perform a comprehensive analysis and validates the product 
requirements. The outcome is a requirement specification also called as Product 
Requirement Definition (PRD). First round of inspection uncover defects found in PRD. 
Outcome of this inspection is a list of comments. Validated assumptions to these 
requirements remove ambiguity. Some of these assumptions may themselves lead to 
defects. A second round of inspection identifies defects due to assumptions made in 
requirement definition.  
During design phase, the inspection artefacts are high-level design and low-level design. 
Inspection team thoroughly inspects the assumptions made with respect to interactions 
between subsystems and other such dependency factors. The outcome is identification of 
flaws due to lack of clarity in design. 
Implementation phase begins with write up of test cases for software to be developed. Code  
generation prior to test case write up is always error prone. Hence, inspection of test cases 
ensures code generation to be defect-free. 

 
4.1 Case Study 
The following case study gives information on various defect detection and prevention 
techniques followed in different companies to deliver a high quality product. They include 

a) A leading product-based company  
b) A leading service-based company  
c) DP techniques adopted in a company that is not stringent towards defect 
prevention activities 

a) Effective defect prevention techniques adopted in leading product-based company  
The company follows staged process model, which is a representation of CMMI (Capability 
Maturity Model Integrated) Meta model. CMMI describes goals and best practises for every 
process area. It represents its process areas as either continuous model or staged model. 
Staged representation of CMMI defines five maturity levels and process areas that are 
required to achieve the maturity level. Each process area contains goals, common features 
and practices.  
Since 1999-2000, the company follows qualitative and quantitative analysis as a defect 
preventive strategy. It maintains a database to capture all the defects including the field 
defect. Field defects are the mistakes identified by the customer after shipment of the 
product to field. Qualitative analysis comprises of stage kick off meeting prior to the start of 
each life cycle phase or task. Purpose of the meeting is to highlight those areas where 
mistakes were committed, identified and actions that were taken for their rectification in the 
past. Sensitization and discussions for current project is accomplished through the lessons 
learned from previous similar type of projects. Rationale is to educate in reducing defect 
injection and increasing defect removal efficiency. 
Quantitative approach collects authentic and realistic data from the stored projects.  
Categorization of projects follows Pareto principles of 80% rule. Accordingly, projects 
implemented with similar platform and technologies forms a cluster. Control chart is 
statistical tool that measures for consistency checks at all phases of SDLC. If an inspection 
effort at a phase exemplifies the non-conformance of the defects in the control band, it 
reveals the fact that either review was excellent or if review was reprehensible. Testing 
comprises of regression testing which ensures non-introduction of unintentional behaviour 
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Latent defects is the sum of defects removed during the phase and the defects found late. 
Inspection Time is the total inspection time measured in hours which is given by 
 

Inspection Time = Sum of each reviewer’s review 
time + total person time spent in each meeting (6) 

 
Inspection Rate can be computed with the inspection time and the size of the artefact, which 
is measurable in terms of number of pages or LOC or other such measures as 
 

Inspection Rate = Size / Total Inspection 
Time (7) 

 
The defect detection Rate is estimated based on efficiency in detecting the defects which is 
computed as 
 

Defect Finding Efficiency = Total Defects 
Found / Total Inspection Time (8) 

 
A new metric to quantify the inspection capability is recently introduced. The metric is 
accepted widely and identifies itself as Depth of Inspection (DI), which is defined as 
 

Depth of Inspection = Total defects identified by 
inspection/Total defects identified by inspection 
and testing 

(9) 

 
Depth of inspection yield and depth of testing yield are two new measures to quantify the 
efficiency of defect capturing technique.  
 

Depth of inspection (%) = number of defects 
detected by inspection / total number of defects 
detected by both inspection and testing * 100 

(10) 

 
Depth of testing (%) = number of defects 
detected by testing / total number of defects 
detected by both inspection and testing * 100 

(11) 

 
Above equations from (1) to (11) are some of the measures that quantify the outcome of 
inspection activity. 

 
4. Analysis of inspection process in various life cycle phases in software 
development 
 

Inspection is functional at every phase of the software development to uncover maximum 
number of defects. This defect prevention approach has proved to be most effective and 
efficient among several other existing approaches. 

 During requirements phase, the product manager interacts with the sales person, marketing 
person and stakeholders to perform a comprehensive analysis and validates the product 
requirements. The outcome is a requirement specification also called as Product 
Requirement Definition (PRD). First round of inspection uncover defects found in PRD. 
Outcome of this inspection is a list of comments. Validated assumptions to these 
requirements remove ambiguity. Some of these assumptions may themselves lead to 
defects. A second round of inspection identifies defects due to assumptions made in 
requirement definition.  
During design phase, the inspection artefacts are high-level design and low-level design. 
Inspection team thoroughly inspects the assumptions made with respect to interactions 
between subsystems and other such dependency factors. The outcome is identification of 
flaws due to lack of clarity in design. 
Implementation phase begins with write up of test cases for software to be developed. Code  
generation prior to test case write up is always error prone. Hence, inspection of test cases 
ensures code generation to be defect-free. 

 
4.1 Case Study 
The following case study gives information on various defect detection and prevention 
techniques followed in different companies to deliver a high quality product. They include 

a) A leading product-based company  
b) A leading service-based company  
c) DP techniques adopted in a company that is not stringent towards defect 
prevention activities 

a) Effective defect prevention techniques adopted in leading product-based company  
The company follows staged process model, which is a representation of CMMI (Capability 
Maturity Model Integrated) Meta model. CMMI describes goals and best practises for every 
process area. It represents its process areas as either continuous model or staged model. 
Staged representation of CMMI defines five maturity levels and process areas that are 
required to achieve the maturity level. Each process area contains goals, common features 
and practices.  
Since 1999-2000, the company follows qualitative and quantitative analysis as a defect 
preventive strategy. It maintains a database to capture all the defects including the field 
defect. Field defects are the mistakes identified by the customer after shipment of the 
product to field. Qualitative analysis comprises of stage kick off meeting prior to the start of 
each life cycle phase or task. Purpose of the meeting is to highlight those areas where 
mistakes were committed, identified and actions that were taken for their rectification in the 
past. Sensitization and discussions for current project is accomplished through the lessons 
learned from previous similar type of projects. Rationale is to educate in reducing defect 
injection and increasing defect removal efficiency. 
Quantitative approach collects authentic and realistic data from the stored projects.  
Categorization of projects follows Pareto principles of 80% rule. Accordingly, projects 
implemented with similar platform and technologies forms a cluster. Control chart is 
statistical tool that measures for consistency checks at all phases of SDLC. If an inspection 
effort at a phase exemplifies the non-conformance of the defects in the control band, it 
reveals the fact that either review was excellent or if review was reprehensible. Testing 
comprises of regression testing which ensures non-introduction of unintentional behaviour 
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Latent defects is the sum of defects removed during the phase and the defects found late. 
Inspection Time is the total inspection time measured in hours which is given by 
 

Inspection Time = Sum of each reviewer’s review 
time + total person time spent in each meeting (6) 

 
Inspection Rate can be computed with the inspection time and the size of the artefact, which 
is measurable in terms of number of pages or LOC or other such measures as 
 

Inspection Rate = Size / Total Inspection 
Time (7) 

 
The defect detection Rate is estimated based on efficiency in detecting the defects which is 
computed as 
 

Defect Finding Efficiency = Total Defects 
Found / Total Inspection Time (8) 

 
A new metric to quantify the inspection capability is recently introduced. The metric is 
accepted widely and identifies itself as Depth of Inspection (DI), which is defined as 
 

Depth of Inspection = Total defects identified by 
inspection/Total defects identified by inspection 
and testing 

(9) 

 
Depth of inspection yield and depth of testing yield are two new measures to quantify the 
efficiency of defect capturing technique.  
 

Depth of inspection (%) = number of defects 
detected by inspection / total number of defects 
detected by both inspection and testing * 100 

(10) 

 
Depth of testing (%) = number of defects 
detected by testing / total number of defects 
detected by both inspection and testing * 100 

(11) 

 
Above equations from (1) to (11) are some of the measures that quantify the outcome of 
inspection activity. 

 
4. Analysis of inspection process in various life cycle phases in software 
development 
 

Inspection is functional at every phase of the software development to uncover maximum 
number of defects. This defect prevention approach has proved to be most effective and 
efficient among several other existing approaches. 

 During requirements phase, the product manager interacts with the sales person, marketing 
person and stakeholders to perform a comprehensive analysis and validates the product 
requirements. The outcome is a requirement specification also called as Product 
Requirement Definition (PRD). First round of inspection uncover defects found in PRD. 
Outcome of this inspection is a list of comments. Validated assumptions to these 
requirements remove ambiguity. Some of these assumptions may themselves lead to 
defects. A second round of inspection identifies defects due to assumptions made in 
requirement definition.  
During design phase, the inspection artefacts are high-level design and low-level design. 
Inspection team thoroughly inspects the assumptions made with respect to interactions 
between subsystems and other such dependency factors. The outcome is identification of 
flaws due to lack of clarity in design. 
Implementation phase begins with write up of test cases for software to be developed. Code  
generation prior to test case write up is always error prone. Hence, inspection of test cases 
ensures code generation to be defect-free. 

 
4.1 Case Study 
The following case study gives information on various defect detection and prevention 
techniques followed in different companies to deliver a high quality product. They include 

a) A leading product-based company  
b) A leading service-based company  
c) DP techniques adopted in a company that is not stringent towards defect 
prevention activities 

a) Effective defect prevention techniques adopted in leading product-based company  
The company follows staged process model, which is a representation of CMMI (Capability 
Maturity Model Integrated) Meta model. CMMI describes goals and best practises for every 
process area. It represents its process areas as either continuous model or staged model. 
Staged representation of CMMI defines five maturity levels and process areas that are 
required to achieve the maturity level. Each process area contains goals, common features 
and practices.  
Since 1999-2000, the company follows qualitative and quantitative analysis as a defect 
preventive strategy. It maintains a database to capture all the defects including the field 
defect. Field defects are the mistakes identified by the customer after shipment of the 
product to field. Qualitative analysis comprises of stage kick off meeting prior to the start of 
each life cycle phase or task. Purpose of the meeting is to highlight those areas where 
mistakes were committed, identified and actions that were taken for their rectification in the 
past. Sensitization and discussions for current project is accomplished through the lessons 
learned from previous similar type of projects. Rationale is to educate in reducing defect 
injection and increasing defect removal efficiency. 
Quantitative approach collects authentic and realistic data from the stored projects.  
Categorization of projects follows Pareto principles of 80% rule. Accordingly, projects 
implemented with similar platform and technologies forms a cluster. Control chart is 
statistical tool that measures for consistency checks at all phases of SDLC. If an inspection 
effort at a phase exemplifies the non-conformance of the defects in the control band, it 
reveals the fact that either review was excellent or if review was reprehensible. Testing 
comprises of regression testing which ensures non-introduction of unintentional behaviour 
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Latent defects is the sum of defects removed during the phase and the defects found late. 
Inspection Time is the total inspection time measured in hours which is given by 
 

Inspection Time = Sum of each reviewer’s review 
time + total person time spent in each meeting (6) 

 
Inspection Rate can be computed with the inspection time and the size of the artefact, which 
is measurable in terms of number of pages or LOC or other such measures as 
 

Inspection Rate = Size / Total Inspection 
Time (7) 

 
The defect detection Rate is estimated based on efficiency in detecting the defects which is 
computed as 
 

Defect Finding Efficiency = Total Defects 
Found / Total Inspection Time (8) 

 
A new metric to quantify the inspection capability is recently introduced. The metric is 
accepted widely and identifies itself as Depth of Inspection (DI), which is defined as 
 

Depth of Inspection = Total defects identified by 
inspection/Total defects identified by inspection 
and testing 

(9) 

 
Depth of inspection yield and depth of testing yield are two new measures to quantify the 
efficiency of defect capturing technique.  
 

Depth of inspection (%) = number of defects 
detected by inspection / total number of defects 
detected by both inspection and testing * 100 

(10) 

 
Depth of testing (%) = number of defects 
detected by testing / total number of defects 
detected by both inspection and testing * 100 

(11) 

 
Above equations from (1) to (11) are some of the measures that quantify the outcome of 
inspection activity. 

 
4. Analysis of inspection process in various life cycle phases in software 
development 
 

Inspection is functional at every phase of the software development to uncover maximum 
number of defects. This defect prevention approach has proved to be most effective and 
efficient among several other existing approaches. 

 During requirements phase, the product manager interacts with the sales person, marketing 
person and stakeholders to perform a comprehensive analysis and validates the product 
requirements. The outcome is a requirement specification also called as Product 
Requirement Definition (PRD). First round of inspection uncover defects found in PRD. 
Outcome of this inspection is a list of comments. Validated assumptions to these 
requirements remove ambiguity. Some of these assumptions may themselves lead to 
defects. A second round of inspection identifies defects due to assumptions made in 
requirement definition.  
During design phase, the inspection artefacts are high-level design and low-level design. 
Inspection team thoroughly inspects the assumptions made with respect to interactions 
between subsystems and other such dependency factors. The outcome is identification of 
flaws due to lack of clarity in design. 
Implementation phase begins with write up of test cases for software to be developed. Code  
generation prior to test case write up is always error prone. Hence, inspection of test cases 
ensures code generation to be defect-free. 

 
4.1 Case Study 
The following case study gives information on various defect detection and prevention 
techniques followed in different companies to deliver a high quality product. They include 

a) A leading product-based company  
b) A leading service-based company  
c) DP techniques adopted in a company that is not stringent towards defect 
prevention activities 

a) Effective defect prevention techniques adopted in leading product-based company  
The company follows staged process model, which is a representation of CMMI (Capability 
Maturity Model Integrated) Meta model. CMMI describes goals and best practises for every 
process area. It represents its process areas as either continuous model or staged model. 
Staged representation of CMMI defines five maturity levels and process areas that are 
required to achieve the maturity level. Each process area contains goals, common features 
and practices.  
Since 1999-2000, the company follows qualitative and quantitative analysis as a defect 
preventive strategy. It maintains a database to capture all the defects including the field 
defect. Field defects are the mistakes identified by the customer after shipment of the 
product to field. Qualitative analysis comprises of stage kick off meeting prior to the start of 
each life cycle phase or task. Purpose of the meeting is to highlight those areas where 
mistakes were committed, identified and actions that were taken for their rectification in the 
past. Sensitization and discussions for current project is accomplished through the lessons 
learned from previous similar type of projects. Rationale is to educate in reducing defect 
injection and increasing defect removal efficiency. 
Quantitative approach collects authentic and realistic data from the stored projects.  
Categorization of projects follows Pareto principles of 80% rule. Accordingly, projects 
implemented with similar platform and technologies forms a cluster. Control chart is 
statistical tool that measures for consistency checks at all phases of SDLC. If an inspection 
effort at a phase exemplifies the non-conformance of the defects in the control band, it 
reveals the fact that either review was excellent or if review was reprehensible. Testing 
comprises of regression testing which ensures non-introduction of unintentional behaviour 
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or additional errors in the software, performance test ascertain the performance of 
requirements, environmental test performs testing of operational environment of the 
product, health test is conducted for users of the product to verify the product in 
compliance with health safety standards.  
The review efficiency metric gives an insight on quality of review conducted. Review efficiency is 
idyllic if it can identify one critical defect per every one-man hour spent on reviews.  
 

Review Efficiency = Total number of defects found 
by reviews /Total number of defects in product  (12) 

 
With a review efficiency of 87%, the company has reported an increase in their productivity  
from 250 to 400 accentuating the importance of adopting DP strategies. With an inspection-
testing time ratio of 15:30, the company was able to record a quality level of 99.75% defect-
free product. 
Observation  
Table.3. depicts anatomy of inspection and testing activities for the sampled five projects. It 
specifies time and defect profile for the above projects. Application of recent metrics (9), 
(10), (11) and from the analysis on the sampled data, following observations are made. 
- Inspection is functional at all phases of software development. Deliverables for inspection 
are requirement specification, high-level, low-level design artefacts and code reviews.  
- Percentage of defect distribution at requirements phase is observed to be in the range of 
50% to 60%. Defects occur in the range of 18% to 26% at design phase. Implementation 
phase has 12% to 19% of total defect distribution. 
- Company schedules 10% to 14% of the total project time at each phase for inspections and 
20% to 30% of total project time for testing to deploy defect-free product. 
- With the scheduled inspection time, inspection team is able to unearth 40% to 70% of 
defects at the early stages of development.  
- Inspection can detect only static defects. Testing is vital to detect dynamic defects. With the 
scheduled testing time, the company is able to detect majority of defects. It is impossible to 
capture all defects in any application because of varied complexities. Company claims up to 
97% defect-free product. 
b) Effective defect prevention techniques adopted in leading service-based software  
     company 
The company follows continuous representation of CMMI Meta model. It defines five capability 
levels and process areas to access capability levels of the company. Each process area further 
contains specific goals and specific practices with generic goals and generic practises.  
Since 2002, the company follows defect detection and defect prevention techniques to 
enhance quality of the product. The defect detection techniques include review of plans, 
schedules and records. Company follows product and process audits as part of quality 
control activities to uncover defects and correct them. The defect prevention techniques 
followed in the company includes pro-active, reactive and retrospective DP. 
Pro-active DP aims to create an environment for controlling defects rather than reacting to it. 
A stage kick off meeting is conducted to reveal those areas where mistakes were committed, 
recognized and actions that were taken for their refinement in the past. Company deems from 
the previous projects, the lessons learnt from the life cycle phases, the DP action items 
documented and best practices adopted. It emphasizes the development team to follow DP 
action items from the previous projects in the organization that are of same nature. 

Reactive DP identifies and conducts RCA (Root Cause Analysis) for defects meeting at 
trigger points or at logical points. Implementation of curative actions along with preventive 
actions eliminates the potential defects. The most common root causes for defects identified 
in the company are due to lack of communication, lack of training, oversight, lack of project 
methodology and inappropriate planning. 
Performance of retrospection towards the end of the project or at identified phases of SDLC 
explores areas with strong points together with areas requiring perfection. 
Observation 
Table.4. depicts anatomy of inspection and testing activities for a sampled five projects. It 
indicates time and defect profiles for the above projects. From the table, following 
observations are listed as:  

- Inspection is functional at all phases of software development.  
- Percentage of defect distribution at requirements phase is observed to be in the range 
of 48% to 61%of total defects. Defects occur in the range of 20% to 28% at design phase. 
- Implementation phase contains 13% to 25% of total defect distribution. 
- Company schedules 10% to 14% of the total developmental time for inspections and 
21% to 35% of total time for testing at each phase to deploy defect-free product. 
- Depth of Inspection yield proves that inspection team is able to unearth 37% to 69% of 
defects at the early stages of development.  
- With the scheduled testing time, the company is able to detect majority of remaining 
defects.  
- Company claims up to 97% defect-free product. 

As a factual statement, companies adapting to DP strategies have shown that over a period 
of time, quality of the product enhances while the cost of quality reduces.  
c) DP techniques adopted in a company that is not stringent towards defect prevention  
    activities 
The study also includes a company that is not strictly adhering to DP strategies in 
comparison with the observations made from the previous two companies.  
Observation 

Table 5. depicts anatomy of inspection and testing activities for a sampled five projects. 
From the table, following observations are listed as : 
- Inspection is functional at all phases of software development.  
- Percentage of defect distribution at requirements phase is in the range of 44% to 54%. 
- Defects occur in the range of 16% to 19% at design phase. Implementation phase has       
13% to 18% of total defect distribution. 
- Company schedules 3% to 7% of the total project time for inspections and 50% to 55% 
of total time for testing at each phase to deploy defect-free product. 
- Depth of Inspection yield indicates that inspection team is able to unearth only 16% to 
- 33% of defects at the early stages of development.  
- With the scheduled testing time, the company is able to detect majority of defects.  
- Company claims up to 86% defect-free product. 

Since the company is not very stringent towards DP activities, testing requires a substantial 
amount of time. 
Figure. 1. shows a comparative graph of inspection and testing for five selected projects from 
three different companies. Figure.2. shows a comparative graph of inspection yield and testing 
yield of the three companies under study. Figure. 3.  shows the defect capturing capability of 
the three companies with the follow of up of their DP strategies to eliminate defects. The 
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or additional errors in the software, performance test ascertain the performance of 
requirements, environmental test performs testing of operational environment of the 
product, health test is conducted for users of the product to verify the product in 
compliance with health safety standards.  
The review efficiency metric gives an insight on quality of review conducted. Review efficiency is 
idyllic if it can identify one critical defect per every one-man hour spent on reviews.  
 

Review Efficiency = Total number of defects found 
by reviews /Total number of defects in product  (12) 

 
With a review efficiency of 87%, the company has reported an increase in their productivity  
from 250 to 400 accentuating the importance of adopting DP strategies. With an inspection-
testing time ratio of 15:30, the company was able to record a quality level of 99.75% defect-
free product. 
Observation  
Table.3. depicts anatomy of inspection and testing activities for the sampled five projects. It 
specifies time and defect profile for the above projects. Application of recent metrics (9), 
(10), (11) and from the analysis on the sampled data, following observations are made. 
- Inspection is functional at all phases of software development. Deliverables for inspection 
are requirement specification, high-level, low-level design artefacts and code reviews.  
- Percentage of defect distribution at requirements phase is observed to be in the range of 
50% to 60%. Defects occur in the range of 18% to 26% at design phase. Implementation 
phase has 12% to 19% of total defect distribution. 
- Company schedules 10% to 14% of the total project time at each phase for inspections and 
20% to 30% of total project time for testing to deploy defect-free product. 
- With the scheduled inspection time, inspection team is able to unearth 40% to 70% of 
defects at the early stages of development.  
- Inspection can detect only static defects. Testing is vital to detect dynamic defects. With the 
scheduled testing time, the company is able to detect majority of defects. It is impossible to 
capture all defects in any application because of varied complexities. Company claims up to 
97% defect-free product. 
b) Effective defect prevention techniques adopted in leading service-based software  
     company 
The company follows continuous representation of CMMI Meta model. It defines five capability 
levels and process areas to access capability levels of the company. Each process area further 
contains specific goals and specific practices with generic goals and generic practises.  
Since 2002, the company follows defect detection and defect prevention techniques to 
enhance quality of the product. The defect detection techniques include review of plans, 
schedules and records. Company follows product and process audits as part of quality 
control activities to uncover defects and correct them. The defect prevention techniques 
followed in the company includes pro-active, reactive and retrospective DP. 
Pro-active DP aims to create an environment for controlling defects rather than reacting to it. 
A stage kick off meeting is conducted to reveal those areas where mistakes were committed, 
recognized and actions that were taken for their refinement in the past. Company deems from 
the previous projects, the lessons learnt from the life cycle phases, the DP action items 
documented and best practices adopted. It emphasizes the development team to follow DP 
action items from the previous projects in the organization that are of same nature. 

Reactive DP identifies and conducts RCA (Root Cause Analysis) for defects meeting at 
trigger points or at logical points. Implementation of curative actions along with preventive 
actions eliminates the potential defects. The most common root causes for defects identified 
in the company are due to lack of communication, lack of training, oversight, lack of project 
methodology and inappropriate planning. 
Performance of retrospection towards the end of the project or at identified phases of SDLC 
explores areas with strong points together with areas requiring perfection. 
Observation 
Table.4. depicts anatomy of inspection and testing activities for a sampled five projects. It 
indicates time and defect profiles for the above projects. From the table, following 
observations are listed as:  

- Inspection is functional at all phases of software development.  
- Percentage of defect distribution at requirements phase is observed to be in the range 
of 48% to 61%of total defects. Defects occur in the range of 20% to 28% at design phase. 
- Implementation phase contains 13% to 25% of total defect distribution. 
- Company schedules 10% to 14% of the total developmental time for inspections and 
21% to 35% of total time for testing at each phase to deploy defect-free product. 
- Depth of Inspection yield proves that inspection team is able to unearth 37% to 69% of 
defects at the early stages of development.  
- With the scheduled testing time, the company is able to detect majority of remaining 
defects.  
- Company claims up to 97% defect-free product. 

As a factual statement, companies adapting to DP strategies have shown that over a period 
of time, quality of the product enhances while the cost of quality reduces.  
c) DP techniques adopted in a company that is not stringent towards defect prevention  
    activities 
The study also includes a company that is not strictly adhering to DP strategies in 
comparison with the observations made from the previous two companies.  
Observation 

Table 5. depicts anatomy of inspection and testing activities for a sampled five projects. 
From the table, following observations are listed as : 
- Inspection is functional at all phases of software development.  
- Percentage of defect distribution at requirements phase is in the range of 44% to 54%. 
- Defects occur in the range of 16% to 19% at design phase. Implementation phase has       
13% to 18% of total defect distribution. 
- Company schedules 3% to 7% of the total project time for inspections and 50% to 55% 
of total time for testing at each phase to deploy defect-free product. 
- Depth of Inspection yield indicates that inspection team is able to unearth only 16% to 
- 33% of defects at the early stages of development.  
- With the scheduled testing time, the company is able to detect majority of defects.  
- Company claims up to 86% defect-free product. 

Since the company is not very stringent towards DP activities, testing requires a substantial 
amount of time. 
Figure. 1. shows a comparative graph of inspection and testing for five selected projects from 
three different companies. Figure.2. shows a comparative graph of inspection yield and testing 
yield of the three companies under study. Figure. 3.  shows the defect capturing capability of 
the three companies with the follow of up of their DP strategies to eliminate defects. The 
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or additional errors in the software, performance test ascertain the performance of 
requirements, environmental test performs testing of operational environment of the 
product, health test is conducted for users of the product to verify the product in 
compliance with health safety standards.  
The review efficiency metric gives an insight on quality of review conducted. Review efficiency is 
idyllic if it can identify one critical defect per every one-man hour spent on reviews.  
 

Review Efficiency = Total number of defects found 
by reviews /Total number of defects in product  (12) 

 
With a review efficiency of 87%, the company has reported an increase in their productivity  
from 250 to 400 accentuating the importance of adopting DP strategies. With an inspection-
testing time ratio of 15:30, the company was able to record a quality level of 99.75% defect-
free product. 
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- Company schedules 10% to 14% of the total project time at each phase for inspections and 
20% to 30% of total project time for testing to deploy defect-free product. 
- With the scheduled inspection time, inspection team is able to unearth 40% to 70% of 
defects at the early stages of development.  
- Inspection can detect only static defects. Testing is vital to detect dynamic defects. With the 
scheduled testing time, the company is able to detect majority of defects. It is impossible to 
capture all defects in any application because of varied complexities. Company claims up to 
97% defect-free product. 
b) Effective defect prevention techniques adopted in leading service-based software  
     company 
The company follows continuous representation of CMMI Meta model. It defines five capability 
levels and process areas to access capability levels of the company. Each process area further 
contains specific goals and specific practices with generic goals and generic practises.  
Since 2002, the company follows defect detection and defect prevention techniques to 
enhance quality of the product. The defect detection techniques include review of plans, 
schedules and records. Company follows product and process audits as part of quality 
control activities to uncover defects and correct them. The defect prevention techniques 
followed in the company includes pro-active, reactive and retrospective DP. 
Pro-active DP aims to create an environment for controlling defects rather than reacting to it. 
A stage kick off meeting is conducted to reveal those areas where mistakes were committed, 
recognized and actions that were taken for their refinement in the past. Company deems from 
the previous projects, the lessons learnt from the life cycle phases, the DP action items 
documented and best practices adopted. It emphasizes the development team to follow DP 
action items from the previous projects in the organization that are of same nature. 

Reactive DP identifies and conducts RCA (Root Cause Analysis) for defects meeting at 
trigger points or at logical points. Implementation of curative actions along with preventive 
actions eliminates the potential defects. The most common root causes for defects identified 
in the company are due to lack of communication, lack of training, oversight, lack of project 
methodology and inappropriate planning. 
Performance of retrospection towards the end of the project or at identified phases of SDLC 
explores areas with strong points together with areas requiring perfection. 
Observation 
Table.4. depicts anatomy of inspection and testing activities for a sampled five projects. It 
indicates time and defect profiles for the above projects. From the table, following 
observations are listed as:  

- Inspection is functional at all phases of software development.  
- Percentage of defect distribution at requirements phase is observed to be in the range 
of 48% to 61%of total defects. Defects occur in the range of 20% to 28% at design phase. 
- Implementation phase contains 13% to 25% of total defect distribution. 
- Company schedules 10% to 14% of the total developmental time for inspections and 
21% to 35% of total time for testing at each phase to deploy defect-free product. 
- Depth of Inspection yield proves that inspection team is able to unearth 37% to 69% of 
defects at the early stages of development.  
- With the scheduled testing time, the company is able to detect majority of remaining 
defects.  
- Company claims up to 97% defect-free product. 

As a factual statement, companies adapting to DP strategies have shown that over a period 
of time, quality of the product enhances while the cost of quality reduces.  
c) DP techniques adopted in a company that is not stringent towards defect prevention  
    activities 
The study also includes a company that is not strictly adhering to DP strategies in 
comparison with the observations made from the previous two companies.  
Observation 

Table 5. depicts anatomy of inspection and testing activities for a sampled five projects. 
From the table, following observations are listed as : 
- Inspection is functional at all phases of software development.  
- Percentage of defect distribution at requirements phase is in the range of 44% to 54%. 
- Defects occur in the range of 16% to 19% at design phase. Implementation phase has       
13% to 18% of total defect distribution. 
- Company schedules 3% to 7% of the total project time for inspections and 50% to 55% 
of total time for testing at each phase to deploy defect-free product. 
- Depth of Inspection yield indicates that inspection team is able to unearth only 16% to 
- 33% of defects at the early stages of development.  
- With the scheduled testing time, the company is able to detect majority of defects.  
- Company claims up to 86% defect-free product. 

Since the company is not very stringent towards DP activities, testing requires a substantial 
amount of time. 
Figure. 1. shows a comparative graph of inspection and testing for five selected projects from 
three different companies. Figure.2. shows a comparative graph of inspection yield and testing 
yield of the three companies under study. Figure. 3.  shows the defect capturing capability of 
the three companies with the follow of up of their DP strategies to eliminate defects. The 
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or additional errors in the software, performance test ascertain the performance of 
requirements, environmental test performs testing of operational environment of the 
product, health test is conducted for users of the product to verify the product in 
compliance with health safety standards.  
The review efficiency metric gives an insight on quality of review conducted. Review efficiency is 
idyllic if it can identify one critical defect per every one-man hour spent on reviews.  
 

Review Efficiency = Total number of defects found 
by reviews /Total number of defects in product  (12) 

 
With a review efficiency of 87%, the company has reported an increase in their productivity  
from 250 to 400 accentuating the importance of adopting DP strategies. With an inspection-
testing time ratio of 15:30, the company was able to record a quality level of 99.75% defect-
free product. 
Observation  
Table.3. depicts anatomy of inspection and testing activities for the sampled five projects. It 
specifies time and defect profile for the above projects. Application of recent metrics (9), 
(10), (11) and from the analysis on the sampled data, following observations are made. 
- Inspection is functional at all phases of software development. Deliverables for inspection 
are requirement specification, high-level, low-level design artefacts and code reviews.  
- Percentage of defect distribution at requirements phase is observed to be in the range of 
50% to 60%. Defects occur in the range of 18% to 26% at design phase. Implementation 
phase has 12% to 19% of total defect distribution. 
- Company schedules 10% to 14% of the total project time at each phase for inspections and 
20% to 30% of total project time for testing to deploy defect-free product. 
- With the scheduled inspection time, inspection team is able to unearth 40% to 70% of 
defects at the early stages of development.  
- Inspection can detect only static defects. Testing is vital to detect dynamic defects. With the 
scheduled testing time, the company is able to detect majority of defects. It is impossible to 
capture all defects in any application because of varied complexities. Company claims up to 
97% defect-free product. 
b) Effective defect prevention techniques adopted in leading service-based software  
     company 
The company follows continuous representation of CMMI Meta model. It defines five capability 
levels and process areas to access capability levels of the company. Each process area further 
contains specific goals and specific practices with generic goals and generic practises.  
Since 2002, the company follows defect detection and defect prevention techniques to 
enhance quality of the product. The defect detection techniques include review of plans, 
schedules and records. Company follows product and process audits as part of quality 
control activities to uncover defects and correct them. The defect prevention techniques 
followed in the company includes pro-active, reactive and retrospective DP. 
Pro-active DP aims to create an environment for controlling defects rather than reacting to it. 
A stage kick off meeting is conducted to reveal those areas where mistakes were committed, 
recognized and actions that were taken for their refinement in the past. Company deems from 
the previous projects, the lessons learnt from the life cycle phases, the DP action items 
documented and best practices adopted. It emphasizes the development team to follow DP 
action items from the previous projects in the organization that are of same nature. 

Reactive DP identifies and conducts RCA (Root Cause Analysis) for defects meeting at 
trigger points or at logical points. Implementation of curative actions along with preventive 
actions eliminates the potential defects. The most common root causes for defects identified 
in the company are due to lack of communication, lack of training, oversight, lack of project 
methodology and inappropriate planning. 
Performance of retrospection towards the end of the project or at identified phases of SDLC 
explores areas with strong points together with areas requiring perfection. 
Observation 
Table.4. depicts anatomy of inspection and testing activities for a sampled five projects. It 
indicates time and defect profiles for the above projects. From the table, following 
observations are listed as:  

- Inspection is functional at all phases of software development.  
- Percentage of defect distribution at requirements phase is observed to be in the range 
of 48% to 61%of total defects. Defects occur in the range of 20% to 28% at design phase. 
- Implementation phase contains 13% to 25% of total defect distribution. 
- Company schedules 10% to 14% of the total developmental time for inspections and 
21% to 35% of total time for testing at each phase to deploy defect-free product. 
- Depth of Inspection yield proves that inspection team is able to unearth 37% to 69% of 
defects at the early stages of development.  
- With the scheduled testing time, the company is able to detect majority of remaining 
defects.  
- Company claims up to 97% defect-free product. 

As a factual statement, companies adapting to DP strategies have shown that over a period 
of time, quality of the product enhances while the cost of quality reduces.  
c) DP techniques adopted in a company that is not stringent towards defect prevention  
    activities 
The study also includes a company that is not strictly adhering to DP strategies in 
comparison with the observations made from the previous two companies.  
Observation 

Table 5. depicts anatomy of inspection and testing activities for a sampled five projects. 
From the table, following observations are listed as : 
- Inspection is functional at all phases of software development.  
- Percentage of defect distribution at requirements phase is in the range of 44% to 54%. 
- Defects occur in the range of 16% to 19% at design phase. Implementation phase has       
13% to 18% of total defect distribution. 
- Company schedules 3% to 7% of the total project time for inspections and 50% to 55% 
of total time for testing at each phase to deploy defect-free product. 
- Depth of Inspection yield indicates that inspection team is able to unearth only 16% to 
- 33% of defects at the early stages of development.  
- With the scheduled testing time, the company is able to detect majority of defects.  
- Company claims up to 86% defect-free product. 

Since the company is not very stringent towards DP activities, testing requires a substantial 
amount of time. 
Figure. 1. shows a comparative graph of inspection and testing for five selected projects from 
three different companies. Figure.2. shows a comparative graph of inspection yield and testing 
yield of the three companies under study. Figure. 3.  shows the defect capturing capability of 
the three companies with the follow of up of their DP strategies to eliminate defects. The 
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graphs indicate efficiency of inspection in defect detection. It detects defects close to the point 
of injection. Further, with increase in inspection time, testing time decreases. Investment in 
inspection is initially high but over a period of time, the cost of quality reduces while quality 
increases. It further reflects the process maturity of the company. 

 
Company 1 P1 P2 P3 P4 P5 

Total time( in man hours) 250 300 500 4248 6944 
Requirement time 25 32 50 1062 2597 
Requirement review 3 4 5 107 281 
Requirement test 7 9 15 320 621 
Total inspection time (%) 12.00 12.5 10.00 10.08 10.82 
Total testing time (%) 28.00 28.13 30.00 30.13 23.91 
Total number of defects  30 46 70 175 254 
Total number of defects detected by 
inspection 16 31 49 80 112 

Total number of defects detected by 
testing 14 15 21 95 142 

Depth of Inspection yield (%) 53.33 67.39 70.00 45.71 44.09 
Depth of Testing yield (%) 46.67 32.61 30.00 54.29 55.91 
Defect percentage 60.00 56.10 59.32 59.32 56.07 
Design time 46 46 100 1411 1966 
Design review 6 5 11 143 200 
Design test 13 10 30 390 396 
Total inspection time (%) 13.04 10.87 11.00 10.13 10.17 
Total testing time (%) 28.26 21.74 30.00 27.64 20.14 
Total number of defects  10 15 28 66 120 
Total number of defects detected by 
inspection 5 7 15 32 77 

Total number of defects detected by 
testing 5 8 13 34 43 

Depth of Inspection yield (%) 50.00 46.67 53.57 48.48 64.17 
Depth of Testing yield (%) 50.00 53.33 46.43 51.52 35.83 
Defect percentage 20.00 18.29 23.73 22.37 26.49 
Implementation time  101 118 150 878 1300 
Code review 10 17 20 105 156 
Testing 30 34 45 265 310 
Total inspection time (%) 10 14 13 12 12 
Total testing time (%) 30 29 30 30 24 
Total number of defects  8 16 15 47 67 
Total number of defects detected by 
inspection 4 7 7 24 37 

Total number of defects detected by 
testing 4 9 8 23 30 

Depth of Inspection yield (%) 50.00 43.75 46.67 51.06 55.22 
Depth of Testing yield (%) 50.00 56.25 53.33 48.94 44.78 
Defect percentage 16.00 19.51 12.71 15.93 14.79 
Total number of defects 50 82 118 295 453 
Sum of defects captured 48 77 113 288 441 
Total defects captured (%) 96.00 93.90 95.76 97.63 97.35 

Table 3. Time and defect profile of a leading product based company 

Company 2 P1 P2 P3 P4 P5 
Total time( in man hours) 263 340 507 4786 7416 
Requirement time 26 40 55 2047 2340 
Requirement review 3 4 6 200 235 
Requirement test 7 11 16 575 821 
Total inspection time (%) 12 10 10.91 9.77 10.04 
Total testing time (%) 27 27.5 29.09 28.09 35.09 
Total number of defects  35 50 77 200 420 
Total number of defects detected by inspection 17 26 40 123 156 
Total number of defects detected by testing 18 24 37 77 264 
Depth of Inspection yield (%) 48.57 52.00 51.95 61.50 37.14 
Depth of Testing yield (%) 51.43 48.00 48.05 38.50 62.86 
Defect percentage 51.47 50.00 61.60 59.70 48.72 
Design time 40 50 110 1323 2950 
Design review 4 6 11 128 300 
Design test 13 13 25 275 640 
Total inspection time (%) 10 12 10 10 10 
Total testing time (%) 33 26 23 21 22 
Total number of defects  15 28 26 75 201 
Total number of defects detected by inspection 8 12 14 33 86 
Total number of defects detected by testing 7 16 12 42 115 
Depth of Inspection yield (%) 53.33 42.86 53.85 44.00 42.79 
Depth of Testing yield (%) 46.67 57.14 46.15 56.00 57.21 
Defect percentage 22.06 28.00 20.80 22.39 23.32 
Implementation time 100 130 165 756 956 
Code review 10 14 23 91 116 
Testing 35 30 45 165 235 
Total inspection time (%) 10 10.77 13.94 12.00 12.13 
Total testing time (%) 35 23.08 27.27 21.83 24.58 
Total number of defects  14 20 17 53 219 
Total number of defects detected by inspection 8 8 9 27 152 
Total number of defects detected by testing 6 12 8 26 67 
Depth of Inspection yield (%) 57.14 40.00 52.94 50.94 69.41 
Depth of Testing yield (%) 42.86 60.00 47.06 49.06 30.59 
Defect percentage 20.59 20.00 13.60 15.82 25.41 
Total number of defects 68 100 125 335 862 
Sum of defects captured 64 98 120 328 840 
Total defects captured (%) 94 98 96 98 97 

Table 4. Time and defect profile of a leading service based company 
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graphs indicate efficiency of inspection in defect detection. It detects defects close to the point 
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increases. It further reflects the process maturity of the company. 
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graphs indicate efficiency of inspection in defect detection. It detects defects close to the point 
of injection. Further, with increase in inspection time, testing time decreases. Investment in 
inspection is initially high but over a period of time, the cost of quality reduces while quality 
increases. It further reflects the process maturity of the company. 
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Implementation time 100 130 165 756 956 
Code review 10 14 23 91 116 
Testing 35 30 45 165 235 
Total inspection time (%) 10 10.77 13.94 12.00 12.13 
Total testing time (%) 35 23.08 27.27 21.83 24.58 
Total number of defects  14 20 17 53 219 
Total number of defects detected by inspection 8 8 9 27 152 
Total number of defects detected by testing 6 12 8 26 67 
Depth of Inspection yield (%) 57.14 40.00 52.94 50.94 69.41 
Depth of Testing yield (%) 42.86 60.00 47.06 49.06 30.59 
Defect percentage 20.59 20.00 13.60 15.82 25.41 
Total number of defects 68 100 125 335 862 
Sum of defects captured 64 98 120 328 840 
Total defects captured (%) 94 98 96 98 97 

Table 4. Time and defect profile of a leading service based company 
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graphs indicate efficiency of inspection in defect detection. It detects defects close to the point 
of injection. Further, with increase in inspection time, testing time decreases. Investment in 
inspection is initially high but over a period of time, the cost of quality reduces while quality 
increases. It further reflects the process maturity of the company. 

 
Company 1 P1 P2 P3 P4 P5 

Total time( in man hours) 250 300 500 4248 6944 
Requirement time 25 32 50 1062 2597 
Requirement review 3 4 5 107 281 
Requirement test 7 9 15 320 621 
Total inspection time (%) 12.00 12.5 10.00 10.08 10.82 
Total testing time (%) 28.00 28.13 30.00 30.13 23.91 
Total number of defects  30 46 70 175 254 
Total number of defects detected by 
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Total number of defects detected by 
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Total testing time (%) 28.26 21.74 30.00 27.64 20.14 
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Total number of defects detected by 
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Total number of defects detected by 
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Depth of Inspection yield (%) 50.00 43.75 46.67 51.06 55.22 
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Total number of defects 50 82 118 295 453 
Sum of defects captured 48 77 113 288 441 
Total defects captured (%) 96.00 93.90 95.76 97.63 97.35 
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Total number of defects detected by testing 7 16 12 42 115 
Depth of Inspection yield (%) 53.33 42.86 53.85 44.00 42.79 
Depth of Testing yield (%) 46.67 57.14 46.15 56.00 57.21 
Defect percentage 22.06 28.00 20.80 22.39 23.32 
Implementation time 100 130 165 756 956 
Code review 10 14 23 91 116 
Testing 35 30 45 165 235 
Total inspection time (%) 10 10.77 13.94 12.00 12.13 
Total testing time (%) 35 23.08 27.27 21.83 24.58 
Total number of defects  14 20 17 53 219 
Total number of defects detected by inspection 8 8 9 27 152 
Total number of defects detected by testing 6 12 8 26 67 
Depth of Inspection yield (%) 57.14 40.00 52.94 50.94 69.41 
Depth of Testing yield (%) 42.86 60.00 47.06 49.06 30.59 
Defect percentage 20.59 20.00 13.60 15.82 25.41 
Total number of defects 68 100 125 335 862 
Sum of defects captured 64 98 120 328 840 
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Company3 P1 P2 P3 P4 P5 
Total time( in man hours) 150 225 368 490 550 
Requirement time 15 20 30 54 55 
Requirement review 1 1 2 3 3 
Requirement test 8 10 16 30 30 
Total inspection time (%) 6.67 5.00 6.67 5.56 5.45 
Total testing time (%) 53.33 50.00 53.33 55.56 54.55 
Total number of defects  15 25 60 65 80 
Total number of defects detected by 
inspection 4 4 14 16 19 

Total number of defects detected by 
testing 11 21 46 49 61 

Depth of Inspection yield (%) 26.67 16 23.33 24.62 23.75 
Depth of Testing yield (%) 73.33 84 76.67 75.38 76.25 
Defect percentage 50 54.35 48.39 50.00 44.44 
Design time 30 35 42 70 77 
Design review 1 2 2 4 5 
Design test 15 18 22 36 40 
Total inspection time (%) 3.33 5.71 4.76 5.71 6.49 
Total testing time (%) 50 51.43 52.38 51.43 51.95 
Total number of defects  5 8 20 24 35 
Total number of defects detected by 
inspection 1 2 6 6 10 

Total number of defects detected by 
testing 4 6 14 18 25 

Depth of Inspection yield (%) 20.00 25.00 30.00 25.00 28.57 
Depth of Testing yield (%) 80.00 75.00 70.00 75.00 71.43 
Defect percentage 16.67 17.39 16.13 18.46 19.44 
Implementation time 45 85 105 180 165 
Code review 2 4 6 10 9 
Testing 24 45 57 94 85 
Total inspection time (%) 4.44 4.71 5.71 5.56 5.45 
Total testing time (%) 53.33 52.94 54.29 52.22 51.52 
Total number of defects  4 6 21 23 27 
Total number of defects detected by 
inspection 1 2 7 6 8 

Total number of defects detected by 
testing 3 4 14 17 19 

Depth of Inspection yield (%) 25 33.33 33.33 26.09 29.63 
Depth of Testing yield (%) 75 66.67 66.67 73.91 70.37 
Defect percentage 13.33 13.04 16.94 17.69 15.00 
Total number of defects 30 46 124 130 180 
Sum of defects captured 24 39 101 112 142 
Total defects captured (%) 80.00 84.78 81.45 86.15 78.89 

Table 5. Time and defect profile of a company not stringent to DP 
 
 

 
Fig. 1. Comparative graphs of inspection and testing for three companies over five selected 
projects 
 

 
Fig. 2. Comparative graphs of inspection yield and testing yield for three companies over 
five selected projects 
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Company3 P1 P2 P3 P4 P5 
Total time( in man hours) 150 225 368 490 550 
Requirement time 15 20 30 54 55 
Requirement review 1 1 2 3 3 
Requirement test 8 10 16 30 30 
Total inspection time (%) 6.67 5.00 6.67 5.56 5.45 
Total testing time (%) 53.33 50.00 53.33 55.56 54.55 
Total number of defects  15 25 60 65 80 
Total number of defects detected by 
inspection 4 4 14 16 19 

Total number of defects detected by 
testing 11 21 46 49 61 

Depth of Inspection yield (%) 26.67 16 23.33 24.62 23.75 
Depth of Testing yield (%) 73.33 84 76.67 75.38 76.25 
Defect percentage 50 54.35 48.39 50.00 44.44 
Design time 30 35 42 70 77 
Design review 1 2 2 4 5 
Design test 15 18 22 36 40 
Total inspection time (%) 3.33 5.71 4.76 5.71 6.49 
Total testing time (%) 50 51.43 52.38 51.43 51.95 
Total number of defects  5 8 20 24 35 
Total number of defects detected by 
inspection 1 2 6 6 10 

Total number of defects detected by 
testing 4 6 14 18 25 

Depth of Inspection yield (%) 20.00 25.00 30.00 25.00 28.57 
Depth of Testing yield (%) 80.00 75.00 70.00 75.00 71.43 
Defect percentage 16.67 17.39 16.13 18.46 19.44 
Implementation time 45 85 105 180 165 
Code review 2 4 6 10 9 
Testing 24 45 57 94 85 
Total inspection time (%) 4.44 4.71 5.71 5.56 5.45 
Total testing time (%) 53.33 52.94 54.29 52.22 51.52 
Total number of defects  4 6 21 23 27 
Total number of defects detected by 
inspection 1 2 7 6 8 

Total number of defects detected by 
testing 3 4 14 17 19 

Depth of Inspection yield (%) 25 33.33 33.33 26.09 29.63 
Depth of Testing yield (%) 75 66.67 66.67 73.91 70.37 
Defect percentage 13.33 13.04 16.94 17.69 15.00 
Total number of defects 30 46 124 130 180 
Sum of defects captured 24 39 101 112 142 
Total defects captured (%) 80.00 84.78 81.45 86.15 78.89 

Table 5. Time and defect profile of a company not stringent to DP 
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Company3 P1 P2 P3 P4 P5 
Total time( in man hours) 150 225 368 490 550 
Requirement time 15 20 30 54 55 
Requirement review 1 1 2 3 3 
Requirement test 8 10 16 30 30 
Total inspection time (%) 6.67 5.00 6.67 5.56 5.45 
Total testing time (%) 53.33 50.00 53.33 55.56 54.55 
Total number of defects  15 25 60 65 80 
Total number of defects detected by 
inspection 4 4 14 16 19 

Total number of defects detected by 
testing 11 21 46 49 61 

Depth of Inspection yield (%) 26.67 16 23.33 24.62 23.75 
Depth of Testing yield (%) 73.33 84 76.67 75.38 76.25 
Defect percentage 50 54.35 48.39 50.00 44.44 
Design time 30 35 42 70 77 
Design review 1 2 2 4 5 
Design test 15 18 22 36 40 
Total inspection time (%) 3.33 5.71 4.76 5.71 6.49 
Total testing time (%) 50 51.43 52.38 51.43 51.95 
Total number of defects  5 8 20 24 35 
Total number of defects detected by 
inspection 1 2 6 6 10 

Total number of defects detected by 
testing 4 6 14 18 25 

Depth of Inspection yield (%) 20.00 25.00 30.00 25.00 28.57 
Depth of Testing yield (%) 80.00 75.00 70.00 75.00 71.43 
Defect percentage 16.67 17.39 16.13 18.46 19.44 
Implementation time 45 85 105 180 165 
Code review 2 4 6 10 9 
Testing 24 45 57 94 85 
Total inspection time (%) 4.44 4.71 5.71 5.56 5.45 
Total testing time (%) 53.33 52.94 54.29 52.22 51.52 
Total number of defects  4 6 21 23 27 
Total number of defects detected by 
inspection 1 2 7 6 8 

Total number of defects detected by 
testing 3 4 14 17 19 

Depth of Inspection yield (%) 25 33.33 33.33 26.09 29.63 
Depth of Testing yield (%) 75 66.67 66.67 73.91 70.37 
Defect percentage 13.33 13.04 16.94 17.69 15.00 
Total number of defects 30 46 124 130 180 
Sum of defects captured 24 39 101 112 142 
Total defects captured (%) 80.00 84.78 81.45 86.15 78.89 

Table 5. Time and defect profile of a company not stringent to DP 
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Company3 P1 P2 P3 P4 P5 
Total time( in man hours) 150 225 368 490 550 
Requirement time 15 20 30 54 55 
Requirement review 1 1 2 3 3 
Requirement test 8 10 16 30 30 
Total inspection time (%) 6.67 5.00 6.67 5.56 5.45 
Total testing time (%) 53.33 50.00 53.33 55.56 54.55 
Total number of defects  15 25 60 65 80 
Total number of defects detected by 
inspection 4 4 14 16 19 

Total number of defects detected by 
testing 11 21 46 49 61 

Depth of Inspection yield (%) 26.67 16 23.33 24.62 23.75 
Depth of Testing yield (%) 73.33 84 76.67 75.38 76.25 
Defect percentage 50 54.35 48.39 50.00 44.44 
Design time 30 35 42 70 77 
Design review 1 2 2 4 5 
Design test 15 18 22 36 40 
Total inspection time (%) 3.33 5.71 4.76 5.71 6.49 
Total testing time (%) 50 51.43 52.38 51.43 51.95 
Total number of defects  5 8 20 24 35 
Total number of defects detected by 
inspection 1 2 6 6 10 

Total number of defects detected by 
testing 4 6 14 18 25 

Depth of Inspection yield (%) 20.00 25.00 30.00 25.00 28.57 
Depth of Testing yield (%) 80.00 75.00 70.00 75.00 71.43 
Defect percentage 16.67 17.39 16.13 18.46 19.44 
Implementation time 45 85 105 180 165 
Code review 2 4 6 10 9 
Testing 24 45 57 94 85 
Total inspection time (%) 4.44 4.71 5.71 5.56 5.45 
Total testing time (%) 53.33 52.94 54.29 52.22 51.52 
Total number of defects  4 6 21 23 27 
Total number of defects detected by 
inspection 1 2 7 6 8 

Total number of defects detected by 
testing 3 4 14 17 19 

Depth of Inspection yield (%) 25 33.33 33.33 26.09 29.63 
Depth of Testing yield (%) 75 66.67 66.67 73.91 70.37 
Defect percentage 13.33 13.04 16.94 17.69 15.00 
Total number of defects 30 46 124 130 180 
Sum of defects captured 24 39 101 112 142 
Total defects captured (%) 80.00 84.78 81.45 86.15 78.89 

Table 5. Time and defect profile of a company not stringent to DP 
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Fig. 3. Defect capturing capability of the three companies 

 
5. Parameters influencing inspection 
 

An empirical study of various projects across several service-based and product-based 
companies has revealed the impact of certain parameters on effectiveness of inspection 
activity at every phase of SDLC. These parameters are inspection time, number of inspectors 
involved, experience of inspectors involved at each phase of software development and 
preparation (training) time. 
Inspection time is a highly influencing parameter. Framework of time for inspection at all 
phases of development life cycle is necessary. The above Case Study proves importance of 
inspection and emphasize upon scheduling appropriate inspection time. Development of 
99% defect-free product is possible with an inspection time of 10%-15% out of total project 
time (Suma V & Gopalkrishnan Nair T.R., 2008a;  Suma V & Gopalakrishnan Nair T.R., 
2008b). Reduction in inspection time can cause defects to escape from identification. 
However, automation of software inspection can reduce manual inspection time and retain 
the effectiveness of defect detection (Jasper Kamperman, 2004).   
Number of inspectors influences inspection process at each phase of development (Halling 
M & Biffl S, 2002; Stefen Biffl & Michael Halling, 2003 b). Self-reviewer in compliance with 
self-review checklist will initially inspect each deliverable. Peer review detects defects that 
have escaped from the eyes of the author. Hence, peer review is an effective defect detection 
and removal activity (Karl E.Weigers, 2001b; Karl E. Weigers, 2002; Steven H Lett, 2007). It 
can be either formal or informal activity. Outcome of inspection is inspection report. It is a 
list of comments with identified defects. Concerned authors receive the inspection report for 
fixing up of defects. Thus, feedback mechanism facilitates developer team and management 
to identify and remove defects along with fault processes. Identified defects further undergo 
causal analysis before final inspection. The technical leader performs root cause analysis of 
defects. Inspection team maintains a record of defects that includes type of defect, number 
of defects, root causes of defects, inspectors involved, their experience level as inspectors 
and action items taken for rectification of the identified defects and so on. This log acts as a 
lesson learnt for future development of the same project or for projects that are similar in 
nature. Project leaders and technical managers or senior managers perform the final 

inspection. Project leaders responsible for the deliverable should not be the inspector for the 
final inspection. Typically, some organizations prefer two inspectors namely self-inspector 
and peer inspector. However, effectiveness of inspection can occur only when team size is 
proportional to the size and complexity of the project. Effectiveness of inspection can be 
further accelerated with division of responsibilities. Selection of team size also depends 
upon company’s budgetary strategies. 
Experience of inspectors is an influencing parameter in defect detection. Established projects 
require lesser time in elicitation of requirement than innovative projects. Hence, innovative 
projects demand experienced inspectors. Integrated projects need more developmental time 
in design phase than other life cycle phases. Such projects demand experienced inspectors at 
design phase. An inspector who has examined design deliverables for a minimum of three 
projects is preferred for inspecting the high-level design and low-level design. Inspection of 
design artefacts includes examining the conformance to security, maintainability, 
reusability, complexity of design and other such related issues. An inspector at 
implementation phase requires knowledge on security aspects and intuitive knowledge on 
rules of the organization. He needs coding experience along with ability to check for 
redundancy in code, number of lines of code, code efficiency, design policies against code, 
security, safety, maintainability, reusability and other such quality attributes. Besides, 
human factors influence effectiveness of inspection. Organizational and self-motivational 
factors have impact on defect detection. The competence of inspectors turns out to be a very 
important component for effective inspection process. 
Preparation (Training) time for inspectors plays a vital role in influencing the effectiveness 
of inspection. Preparation time varies depending on the complexity of the project. Author 
conducts a walkthrough of the deliverable to the participating inspectors. This helps team 
members for analysing defects. Improvement in competency of inspectors and reduction in 
human effort can be accomplished by the inspection team through formal training, 
education or through perspective-based reading techniques. They specify what to and how 
to inspect the artefacts (Biffl S. 2000; Stefan Biffl at el., 2003a; Stefen Biffl & Michael Halling, 
2003 b; Karl E. Wiegers, 2001a). Thus, inspection time and preparation time influences 
efficiency of inspection meeting (Liguo Yu at el., 2006). However, our empirical study 
reveals that inspection time, number of inspectors and their experience with preparation 
time influences defect detection rate. 
Models such as Baysian belief network builds confidence in measuring the effectiveness of 
inspection. The strength of this model is in the usage of attributes such as product size, 
complexity of product, quality of inspection process that contributes towards inspection 
effectiveness (Trevor Cockram, 2001). Code inspection model uses code size, number of 
coding errors and density of coding errors to estimate the effectiveness of inspection. 

 
6. Conclusions 
 

Software has strong influence on all categories of occupations. The key challenge of IT 
industry is to deploy high quality defect-free software product. Software Engineering 
foundation helps engineers to develop defect-free software within the scheduled time, cost 
and resources in a systematic manner. Defect is an undesirable behaviour or an imperfection 
that occurs in the product through the process. Hence, defect management is the core 
business need of the day. Two successful approaches of defect management are defect 
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However, automation of software inspection can reduce manual inspection time and retain 
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Number of inspectors influences inspection process at each phase of development (Halling 
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self-review checklist will initially inspect each deliverable. Peer review detects defects that 
have escaped from the eyes of the author. Hence, peer review is an effective defect detection 
and removal activity (Karl E.Weigers, 2001b; Karl E. Weigers, 2002; Steven H Lett, 2007). It 
can be either formal or informal activity. Outcome of inspection is inspection report. It is a 
list of comments with identified defects. Concerned authors receive the inspection report for 
fixing up of defects. Thus, feedback mechanism facilitates developer team and management 
to identify and remove defects along with fault processes. Identified defects further undergo 
causal analysis before final inspection. The technical leader performs root cause analysis of 
defects. Inspection team maintains a record of defects that includes type of defect, number 
of defects, root causes of defects, inspectors involved, their experience level as inspectors 
and action items taken for rectification of the identified defects and so on. This log acts as a 
lesson learnt for future development of the same project or for projects that are similar in 
nature. Project leaders and technical managers or senior managers perform the final 

inspection. Project leaders responsible for the deliverable should not be the inspector for the 
final inspection. Typically, some organizations prefer two inspectors namely self-inspector 
and peer inspector. However, effectiveness of inspection can occur only when team size is 
proportional to the size and complexity of the project. Effectiveness of inspection can be 
further accelerated with division of responsibilities. Selection of team size also depends 
upon company’s budgetary strategies. 
Experience of inspectors is an influencing parameter in defect detection. Established projects 
require lesser time in elicitation of requirement than innovative projects. Hence, innovative 
projects demand experienced inspectors. Integrated projects need more developmental time 
in design phase than other life cycle phases. Such projects demand experienced inspectors at 
design phase. An inspector who has examined design deliverables for a minimum of three 
projects is preferred for inspecting the high-level design and low-level design. Inspection of 
design artefacts includes examining the conformance to security, maintainability, 
reusability, complexity of design and other such related issues. An inspector at 
implementation phase requires knowledge on security aspects and intuitive knowledge on 
rules of the organization. He needs coding experience along with ability to check for 
redundancy in code, number of lines of code, code efficiency, design policies against code, 
security, safety, maintainability, reusability and other such quality attributes. Besides, 
human factors influence effectiveness of inspection. Organizational and self-motivational 
factors have impact on defect detection. The competence of inspectors turns out to be a very 
important component for effective inspection process. 
Preparation (Training) time for inspectors plays a vital role in influencing the effectiveness 
of inspection. Preparation time varies depending on the complexity of the project. Author 
conducts a walkthrough of the deliverable to the participating inspectors. This helps team 
members for analysing defects. Improvement in competency of inspectors and reduction in 
human effort can be accomplished by the inspection team through formal training, 
education or through perspective-based reading techniques. They specify what to and how 
to inspect the artefacts (Biffl S. 2000; Stefan Biffl at el., 2003a; Stefen Biffl & Michael Halling, 
2003 b; Karl E. Wiegers, 2001a). Thus, inspection time and preparation time influences 
efficiency of inspection meeting (Liguo Yu at el., 2006). However, our empirical study 
reveals that inspection time, number of inspectors and their experience with preparation 
time influences defect detection rate. 
Models such as Baysian belief network builds confidence in measuring the effectiveness of 
inspection. The strength of this model is in the usage of attributes such as product size, 
complexity of product, quality of inspection process that contributes towards inspection 
effectiveness (Trevor Cockram, 2001). Code inspection model uses code size, number of 
coding errors and density of coding errors to estimate the effectiveness of inspection. 
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detection and defect prevention. Empirical studies reveal the probability of percentage of 
defect distribution at every phase of software development. Study specifies that 50% to 60% 
of total defects originate at requirement phase, 15% to 30% at design phase and 10% to 20% 
of total defects occur at implementation phase. Analysis of defect pattern indicates existence 
of various categories of defects and possibilities of their occurrences. Blocker defect occur in 
the range of 5% to 15%, major defect in 10% to 25%, critical defect in 20% to 25%, minor 
defect in 10% to 20% and trivial defect in 15% to 55% out of total percentage of defects.  
Defect detection is a technique of identifying defects and eliminating them at the root level. 
Some of the conventional defect detection techniques are inspection, prototype, testing and 
correctness proof. However, an awareness of rationale for defect distribution and root cause 
analysis of defect pattern helps in effective defect detection. Common root causes for defect 
injection are analyzed to be due to lack of communication (20% to 25%), lack of education 
(20% to 25%), oversight (30% to 45%), transcription (20% to 25%), miscellaneous (5% to 
10%). 
Defect prevention is a step towards process maturity. Knowledge of defect injection 
methods enables defect prevention. It prevents reoccurrences, propagation and 
manifestation of defects either in the same project or in similar projects. Conventional defect 
prevention strategies include product approach, process approach and automation of 
developmental process. Changing trends in defect management enables transition from 
postproduction detection technique to preproduction detection technique and in-situ 
detection during developmental phase. 
Inspection continues to prove as the most effective and efficient technique of defect 
detection and prevention since three decades. Michael Fagan is the pioneer of formal 
inspection technique in software industry. However, several inspection techniques have 
evolved over the time. They include Humphrey’s inspection, Gilb inspection, formal 
technical reviews, structured walkthrough etc. Inspection related metrics statistically 
measures the effectiveness of inspections. They indicate the level of maturity of the 
company. 
A Case Study comprising of three companies throws light on the possibility of software 
industries to position itself through aptly organized defect detection and prevention 
strategies. It proves the significance of inspection at every phase of software development. 
Inspection discovers static defects close to its origin while testing detects dynamic defects. 
Effective inspection demands 10% to 15% of total developmental time as against the testing 
time of 30% to 35% of total project time to unearth defects. Observation strongly indicates 
that software industry can deliver up to 99% defect-free products from above specified 
inspection and testing ratio. Reduction in inspection time demands more than 50% of total 
developmental time towards testing. Hence, organizations should go for defect detection 
and prevention strategies for a long-term Return on Investment (ROI). 
An insight of parameters influencing effectiveness of inspection is a necessity to gain 
complete benefit of inspection technique. Appropriate inspection time, number of 
inspectors, experience level of inspectors and preparation time for inspectors plays a 
significant role in enhancing effectiveness of inspection.  
The goal of reaching a consistently 99% defect-free software depends much on effective 
defect detection and prevention techniques adopted in the organization. 
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time of 30% to 35% of total project time to unearth defects. Observation strongly indicates 
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inspection and testing ratio. Reduction in inspection time demands more than 50% of total 
developmental time towards testing. Hence, organizations should go for defect detection 
and prevention strategies for a long-term Return on Investment (ROI). 
An insight of parameters influencing effectiveness of inspection is a necessity to gain 
complete benefit of inspection technique. Appropriate inspection time, number of 
inspectors, experience level of inspectors and preparation time for inspectors plays a 
significant role in enhancing effectiveness of inspection.  
The goal of reaching a consistently 99% defect-free software depends much on effective 
defect detection and prevention techniques adopted in the organization. 
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and prevention strategies for a long-term Return on Investment (ROI). 
An insight of parameters influencing effectiveness of inspection is a necessity to gain 
complete benefit of inspection technique. Appropriate inspection time, number of 
inspectors, experience level of inspectors and preparation time for inspectors plays a 
significant role in enhancing effectiveness of inspection.  
The goal of reaching a consistently 99% defect-free software depends much on effective 
defect detection and prevention techniques adopted in the organization. 
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Effective inspection demands 10% to 15% of total developmental time as against the testing 
time of 30% to 35% of total project time to unearth defects. Observation strongly indicates 
that software industry can deliver up to 99% defect-free products from above specified 
inspection and testing ratio. Reduction in inspection time demands more than 50% of total 
developmental time towards testing. Hence, organizations should go for defect detection 
and prevention strategies for a long-term Return on Investment (ROI). 
An insight of parameters influencing effectiveness of inspection is a necessity to gain 
complete benefit of inspection technique. Appropriate inspection time, number of 
inspectors, experience level of inspectors and preparation time for inspectors plays a 
significant role in enhancing effectiveness of inspection.  
The goal of reaching a consistently 99% defect-free software depends much on effective 
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1. Introduction 
 

The data of almost every application are stored in databases controlled by a database 
management system (DBMS). Since crisp data are unavailable for several real world 
applications, vague data, which are usually expressed by means of the fuzzy theory, have to 
be stored in databases. Conventional DBMS cannot effectively handle vague data so that a 
fuzzy DBMS has to be utilized for this kind of data. 
Generating a fuzzy DBMS, however, is a difficult task because many important issues have 
to be considered, one of which is the creation of a suitable fuzzy query language. By using a 
query language designed for a DBMS that bases on the relational model, it is possible, 
amongst others, to determine the minimum and the maximum of all values of an attribute, 
to restrict a relation by means of inequality constraints and to sort the tuples of a relation 
according to the values of an attribute. Assuming that a fuzzy DBMS is required whose 
relations potentially contain fuzzy numbers, the belonging fuzzy query language must also 
provide these procedures. 
There are some works dealing with one of these issues as well as a few papers in which 
more than one of them is covered. Unfortunately, even in the last-mentioned papers, these 
components of a fuzzy query language have been examined independently from each other. 
Independent proposals of such a procedure are extremely problematic because they are in 
relationship to each other. 
Since a ranking of fuzzy numbers implicitly determines the smallest and the greatest item, it 
is reasonable to utilize one ranking method for the calculation of minimum and maximum. 
Moreover, the reduction of a relation by discarding all tuples whose fuzzy numbers are 
greater than another one is equivalent to the ranking of two fuzzy numbers. In contrast to 
real numbers, it is not clear whether a fuzzy number is greater or less than another one so 
that different fuzzy ranking methods are available. Hence, in order to achieve consistent 
results, a single fuzzy ranking method has to be utilized by which each of the three named 
procedures of the fuzzy query language can be evaluated effectively and efficiently. 
The remaining chapter is organized as follows. Section 2 presents some fundamentals of the 
fuzzy database systems that are considered in the following. Concerning the three 
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operations of a fuzzy query language mentioned above, several approaches are presented in 
section 3. In doing so, the conditions to be satisfied by such a procedure are indicated. The 
identification of fuzzy ranking methods which theoretically can be used for each of these 
three operations is subject of section 4. In section 5, these measures are applied on various 
examples in order to evaluate their quality on the basis of their results. Section 6 deals with 
the performance of the selected method by both introducing an algorithm which computes 
the results efficiently and comparing that algorithm with alternative calculations. Finally, a 
short conclusion is drawn in section 7. 

 
2. Fuzzy relational databases 
 

The majority of the analyses of fuzzy databases refer to the relational variant. Thus, it is not 
remarkable that also most fuzzy query languages are designed for fuzzy relational 
databases. Equivalent to the traditional relational query languages, fuzzy relational query 
languages are predominantly characterized by fuzzy relational algebras. Some of these 
algebras are defined in (Bosc & Pivert, 2005; Buckles & Petry, 1985; Caluwe De et al., 1995; 
Chen, 1991; Ma & Yan, 2007; Medina et al., 1994; Prade & Testemale, 1984; Shenoi & Melton, 
1990; Tang & Chen, 2004; Umano & Fukami, 1994). Moreover, there are implementations of 
specific languages, for example the variants presented in (Galindo et al., 2006; Umano, 1982; 
Zemankova-Leech & Kandel, 1984). 
Most of these languages or algebras respectively operate on relations of a fuzzy database 
whose relation schemata potentially contain fuzzy attributes. The values of these fuzzy 
attributes are possibility distributions defined by (1). The possibility distribution a is 
characterized by the membership function a over the domain . Specific sets of a possibility 
distribution a, that is the support, the core and the -cut of a for a value   [0, 1], are used in 
general as well as in the following; they are defined by (2), (3) and (4) respectively. 
 

    xxxa a |/  (1) 
    0|  xxxasupp a  (2) 
    1|  xxxacore a  (3) 
      xxxacut a|  (4) 

 
Since ranking algorithms can only be applied on fuzzy numbers, the membership functions 
of all possibility distributions regarded in this chapter are convex, semi-continuous and 
have a linearly ordered domain. Furthermore, solely normalized trapezoidal possibility 
distributions [, , , ] characterized by the membership function (5) are considered. 
Trapezoids are generally sufficient for practical applications (Prade & Testemale, 1984) so 
that this restriction is not severe. 
 

  
















  





























x

xx
x

xx
xx

x
,,,,

with 

 if

 if1

 if

 or  if0

,,,
 (5) 

 

A fuzzy query language has to provide several methods to process fuzzy numbers, three of 
which have been indicated in the introduction. But all languages mentioned above pay only 
marginal attention to these procedures. Thus, the existing approaches as well as the 
conditions to be satisfied in each case are presented in the next section. 

 
3. Operations of a fuzzy query language 
 

3.1 Minimum and maximum of fuzzy numbers 
One of the most important tools of the fuzzy theory is the extension principle with which 
conventional arithmetic operations, for example the addition or the division, can be applied on 
fuzzy numbers. In (Dubois & Prade, 1978), the extension principle was also used to calculate 
the minimum and the maximum of fuzzy numbers. The fuzzy minimum of the possibility 
distributions a and b is defined by (6) whereas the fuzzy maximum is specified by (7). 
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The few papers dealing with the determination of minimum and maximum of fuzzy 
numbers in fuzzy query languages (Dubois & Prade, 1990; Rundensteiner & Bic, 1992) 
propose the use of (6) and (7). But instead of selecting the smaller or greater fuzzy number, 
the application of these two functions potentially creates new possibility distributions. Since 
query languages usually extract data from relations without modifying them, the generation 
of nonexistent data is incomprehensible. Hence, two methods are necessary that do not alter 
the fuzzy numbers. 

 
3.2 Evaluation of inequality constraints 
In order to determine the maximum of two fuzzy numbers, it is not necessary to know to 
what extent a fuzzy number is greater than the other one. By contrast, it may be requested to 
remove a tuple from a relation if the fuzzy number of that tuple is not greater than another 
fuzzy number to a certain degree which means that the inequality constraint is not satisfied 
to that degree. Thus, exclusively those measures computing an adequate value to which a 
fuzzy number is greater than another one can be applied. 
Equivalent to the determination of the fuzzy minimum and the fuzzy maximum, the 
evaluation of inequality constraints is either ignored or only mentioned marginally in most 
of the papers concerning fuzzy query languages. In contrast to these papers, the work 
presented in (Galindo et al., 2006) deals with this issue in details by specifying the fuzzy 
query language FSQL. This language provides four methods for the computation of the 
degree of the possibility and the necessity respectively to which a value of a is greater than a 
value of b. The four measures that can only process normalized trapezoidal possibility 
distributions are defined by (8) to (11). 
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specific languages, for example the variants presented in (Galindo et al., 2006; Umano, 1982; 
Zemankova-Leech & Kandel, 1984). 
Most of these languages or algebras respectively operate on relations of a fuzzy database 
whose relation schemata potentially contain fuzzy attributes. The values of these fuzzy 
attributes are possibility distributions defined by (1). The possibility distribution a is 
characterized by the membership function a over the domain . Specific sets of a possibility 
distribution a, that is the support, the core and the -cut of a for a value   [0, 1], are used in 
general as well as in the following; they are defined by (2), (3) and (4) respectively. 
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Since ranking algorithms can only be applied on fuzzy numbers, the membership functions 
of all possibility distributions regarded in this chapter are convex, semi-continuous and 
have a linearly ordered domain. Furthermore, solely normalized trapezoidal possibility 
distributions [, , , ] characterized by the membership function (5) are considered. 
Trapezoids are generally sufficient for practical applications (Prade & Testemale, 1984) so 
that this restriction is not severe. 
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A fuzzy query language has to provide several methods to process fuzzy numbers, three of 
which have been indicated in the introduction. But all languages mentioned above pay only 
marginal attention to these procedures. Thus, the existing approaches as well as the 
conditions to be satisfied in each case are presented in the next section. 

 
3. Operations of a fuzzy query language 
 

3.1 Minimum and maximum of fuzzy numbers 
One of the most important tools of the fuzzy theory is the extension principle with which 
conventional arithmetic operations, for example the addition or the division, can be applied on 
fuzzy numbers. In (Dubois & Prade, 1978), the extension principle was also used to calculate 
the minimum and the maximum of fuzzy numbers. The fuzzy minimum of the possibility 
distributions a and b is defined by (6) whereas the fuzzy maximum is specified by (7). 
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The few papers dealing with the determination of minimum and maximum of fuzzy 
numbers in fuzzy query languages (Dubois & Prade, 1990; Rundensteiner & Bic, 1992) 
propose the use of (6) and (7). But instead of selecting the smaller or greater fuzzy number, 
the application of these two functions potentially creates new possibility distributions. Since 
query languages usually extract data from relations without modifying them, the generation 
of nonexistent data is incomprehensible. Hence, two methods are necessary that do not alter 
the fuzzy numbers. 

 
3.2 Evaluation of inequality constraints 
In order to determine the maximum of two fuzzy numbers, it is not necessary to know to 
what extent a fuzzy number is greater than the other one. By contrast, it may be requested to 
remove a tuple from a relation if the fuzzy number of that tuple is not greater than another 
fuzzy number to a certain degree which means that the inequality constraint is not satisfied 
to that degree. Thus, exclusively those measures computing an adequate value to which a 
fuzzy number is greater than another one can be applied. 
Equivalent to the determination of the fuzzy minimum and the fuzzy maximum, the 
evaluation of inequality constraints is either ignored or only mentioned marginally in most 
of the papers concerning fuzzy query languages. In contrast to these papers, the work 
presented in (Galindo et al., 2006) deals with this issue in details by specifying the fuzzy 
query language FSQL. This language provides four methods for the computation of the 
degree of the possibility and the necessity respectively to which a value of a is greater than a 
value of b. The four measures that can only process normalized trapezoidal possibility 
distributions are defined by (8) to (11). 
 

Application of consistent aggregate functions,  
inequality constraints and ranking methods in fuzzy query languages 407

 

operations of a fuzzy query language mentioned above, several approaches are presented in 
section 3. In doing so, the conditions to be satisfied by such a procedure are indicated. The 
identification of fuzzy ranking methods which theoretically can be used for each of these 
three operations is subject of section 4. In section 5, these measures are applied on various 
examples in order to evaluate their quality on the basis of their results. Section 6 deals with 
the performance of the selected method by both introducing an algorithm which computes 
the results efficiently and comparing that algorithm with alternative calculations. Finally, a 
short conclusion is drawn in section 7. 

 
2. Fuzzy relational databases 
 

The majority of the analyses of fuzzy databases refer to the relational variant. Thus, it is not 
remarkable that also most fuzzy query languages are designed for fuzzy relational 
databases. Equivalent to the traditional relational query languages, fuzzy relational query 
languages are predominantly characterized by fuzzy relational algebras. Some of these 
algebras are defined in (Bosc & Pivert, 2005; Buckles & Petry, 1985; Caluwe De et al., 1995; 
Chen, 1991; Ma & Yan, 2007; Medina et al., 1994; Prade & Testemale, 1984; Shenoi & Melton, 
1990; Tang & Chen, 2004; Umano & Fukami, 1994). Moreover, there are implementations of 
specific languages, for example the variants presented in (Galindo et al., 2006; Umano, 1982; 
Zemankova-Leech & Kandel, 1984). 
Most of these languages or algebras respectively operate on relations of a fuzzy database 
whose relation schemata potentially contain fuzzy attributes. The values of these fuzzy 
attributes are possibility distributions defined by (1). The possibility distribution a is 
characterized by the membership function a over the domain . Specific sets of a possibility 
distribution a, that is the support, the core and the -cut of a for a value   [0, 1], are used in 
general as well as in the following; they are defined by (2), (3) and (4) respectively. 
 

    xxxa a |/  (1) 
    0|  xxxasupp a  (2) 
    1|  xxxacore a  (3) 
      xxxacut a|  (4) 

 
Since ranking algorithms can only be applied on fuzzy numbers, the membership functions 
of all possibility distributions regarded in this chapter are convex, semi-continuous and 
have a linearly ordered domain. Furthermore, solely normalized trapezoidal possibility 
distributions [, , , ] characterized by the membership function (5) are considered. 
Trapezoids are generally sufficient for practical applications (Prade & Testemale, 1984) so 
that this restriction is not severe. 
 

  
















  





























x

xx
x

xx
xx

x
,,,,

with 

 if

 if1

 if

 or  if0

,,,
 (5) 

 

A fuzzy query language has to provide several methods to process fuzzy numbers, three of 
which have been indicated in the introduction. But all languages mentioned above pay only 
marginal attention to these procedures. Thus, the existing approaches as well as the 
conditions to be satisfied in each case are presented in the next section. 

 
3. Operations of a fuzzy query language 
 

3.1 Minimum and maximum of fuzzy numbers 
One of the most important tools of the fuzzy theory is the extension principle with which 
conventional arithmetic operations, for example the addition or the division, can be applied on 
fuzzy numbers. In (Dubois & Prade, 1978), the extension principle was also used to calculate 
the minimum and the maximum of fuzzy numbers. The fuzzy minimum of the possibility 
distributions a and b is defined by (6) whereas the fuzzy maximum is specified by (7). 
 

       
 

    yxzzzzba ba

yxz
yx

 ,minsupwith |/,ni~m
,min

,
ni~mni~m




  
(6) 

       
 

    yxzzzzba ba

yxz
yx

 ,minsupwith |/,xa~m
,max

,
xa~mxa~m




  
(7) 

 
The few papers dealing with the determination of minimum and maximum of fuzzy 
numbers in fuzzy query languages (Dubois & Prade, 1990; Rundensteiner & Bic, 1992) 
propose the use of (6) and (7). But instead of selecting the smaller or greater fuzzy number, 
the application of these two functions potentially creates new possibility distributions. Since 
query languages usually extract data from relations without modifying them, the generation 
of nonexistent data is incomprehensible. Hence, two methods are necessary that do not alter 
the fuzzy numbers. 

 
3.2 Evaluation of inequality constraints 
In order to determine the maximum of two fuzzy numbers, it is not necessary to know to 
what extent a fuzzy number is greater than the other one. By contrast, it may be requested to 
remove a tuple from a relation if the fuzzy number of that tuple is not greater than another 
fuzzy number to a certain degree which means that the inequality constraint is not satisfied 
to that degree. Thus, exclusively those measures computing an adequate value to which a 
fuzzy number is greater than another one can be applied. 
Equivalent to the determination of the fuzzy minimum and the fuzzy maximum, the 
evaluation of inequality constraints is either ignored or only mentioned marginally in most 
of the papers concerning fuzzy query languages. In contrast to these papers, the work 
presented in (Galindo et al., 2006) deals with this issue in details by specifying the fuzzy 
query language FSQL. This language provides four methods for the computation of the 
degree of the possibility and the necessity respectively to which a value of a is greater than a 
value of b. The four measures that can only process normalized trapezoidal possibility 
distributions are defined by (8) to (11). 
 



Recent Advances in Technologies408

 

 



















else0

 and  if

 if1

, baba
abba

ba

ba

baFGEQ 





 (8) 

 



















else0

 and  if

 if1

, baba
abba

ba

ba

γδδγ
γδγδ

γδ
δγ

baFGT  (9) 

 



















else0

 and  if

 if1

, baba
abba

ba

ba

αββα
αβαβ

αβ
βα

baNFGEQ  (10) 

 



















else0

 and  if

 if1

, baba
abba

ba

ba

γβδα
αδγβ

γβ
δα

baNFGT  (11) 

 
It has to be mentioned that these four measures match the methods introduced in (Dubois & 
Prade, 1983) if exclusively trapezoids are permitted. One of the referenced measures is 
defined by (12) and produces the same results as (8). 
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It is obvious that (12) generates the extremal values if and only if the first or the last case of 
(8) holds. Concerning the evaluation of the remaining situation, the output of (12) is the 
membership degree of the intersection between the right edge of a and the left edge of b. The 
x-coordinate value of the intersection is determined by equating the two respective linear 
functions displayed by the first part of the following calculation. This value must be used in 
any of these two functions in order to determine the membership degree; this process is 
described by the second part of the calculation. 
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The result matches the second case of (8) so that the correlation between (8) and (12) is 
shown. The equality of the other measures can be proven in a similar way. Furthermore, the 
formulas proposed in (Galindo et al., 2006) that compute the degree to which a value of a is 
less than a value of b can be derived from (8) to (11). Thus, they do not need to be examined. 
The four measures defined in (Dubois & Prade, 1983), however, have to be used together in 
order to determine the minimum or maximum fuzzy number. Since a single method is 
required, the measures (8) to (11) are not feasible. 

 
3.3 Fuzzy ranking 
Sorting a relation by means of the values of a fuzzy attribute is equivalent to ranking fuzzy 
numbers. First of all, it is necessary to find out which kinds of fuzzy ranking methods are 
compatible with the issues covered in the previous subsections. Different attempts were 
undertaken to classify various fuzzy ranking methods and to explore - partly by applying 
them to some examples - their strengths and weaknesses (Bortolan & Degani, 1985; Chen & 
Chen, 2009; Chen & Hwang, 1992; Deng, 2007; Dubois & Prade, 1999; Rommelfanger, 1986; 
Wang & Kerre, 1996; Wang & Kerre, 2001; Zhu & Lee, 1992). The most detailed work is 
(Chen & Hwang, 1992) whose classification, which is illustrated in Figure 1, is examined 
now. Some of the methods that are indicated in this figure were not part of the original 
paper because mostly they were published after this classification. 
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Apart from these approaches, there are some methods that cannot be assigned to a single 
technique. On the one hand, a universal method is shown in (Campos-Ibanez De & 
Gonzales-Munoz, 1989) which can be transformed into particular ranking methods of the 
class -cut as well as the class area measurement. On the other hand, the variant presented 
in (Chu & Tsao, 2002) contains elements of the centroid index and the area measurement. 
Moreover, the fuzzy ranking method in (Lian et al., 2006) is based on the probability 
distribution and the area measurement which belong to different comparison media. 
In addition to the generation of a comprehensible order, a fuzzy ranking method must both 
derive the order of fuzzy numbers from pairwise comparisons and generate a membership 
degree for each pair. To be more precise, a fuzzy ranking method R(a, b) for two arbitrary 
trapezoids a and b has to produce a value in [0, 1] declaring to what extent a is greater than 
b. Since the degree to which a is less than b must not be calculated independently, the fuzzy 
reciprocal, that is R(a, b) + R(b, a) = 1, proposed in (Nakamura, 1986) must hold for each 
method R(a, b).
The concept of the linguistic expression that produces not a single membership degree 
therefore can be ignored. The techniques probability distribution, left/right scores, centroid 
index and area measurement also have to be rejected because they include the distance 
between the fuzzy numbers in their computations. Concerning the question whether a real 
number is greater than another one, it is irrelevant if they are close-by or far away from each 
other. Thus, R(a, b) has to generate the maximum - 1 - or the minimum value - 0 - if and only 
if the supports of a and b are disjoint. The fuzzy ranking methods of the remaining 
techniques, that is degree of optimality, -cut, hamming distance, comparison function and 
proportion to optimal must be analyzed individually in order to decide whether they are 
suitable with respect to the operations of a fuzzy query language described in this section. 
These analyses also have been presented partly in (Shirvanian & Lippe, 2008). 

 
4. Selection of theoretically appropriate fuzzy ranking methods 
 

4.1 Comparison function 
The approaches of the technique comparison function calculate the degree of the possibility 
and the necessity respectively to which a value of a fuzzy number is greater than a value of 
another one. Hence, the measures (8) to (11) that have already been characterized as 
inadequate belong to this class. Alternative methods of the technique comparison function 
have not to be considered because all of them can be seen as special cases of these four 
procedures. Although the concept of this technique is compatible with the characteristics of 
a ranking method required in this work, the specific approaches are not applicable 
regarding the named operations of a fuzzy query language. 

 
4.2 Degree of optimality 
The procedures of the class degree of optimality rank a group of fuzzy numbers by checking 
them against the maximum. Most of these methods appear to be plain or inadequate. By 
contrast, the function declared in (Canfora & Troiano, 2004) evaluates two fuzzy numbers by 
comparing all elements of  with each other. In doing so, an element of a which is greater 
than an element of b receives the degree 1. Conversely, the value 0 and in case of equality, 
the value 0.5 have to be assigned. The computation, which does not have to include the part 
with the factor 0, is defined by (13). 
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In theory, the sums have to be replaced by integrals if two continuous fuzzy numbers, for 
example trapezoidal possibility distributions, are evaluated. But concerning the following 
analysis, (13) generates suitable results so that no integrals have to be computed. In 
addition, it is also recommended in (Canfora & Troiano, 2004) to perform an approximate 
calculation. 

 
4.3 -cut 
The technique -cut, whose methods are regarded in this subsection, determines the ranking 
by means of some cuts of the fuzzy numbers to the degree . Most of the procedures 
displayed before use only one particular -cut so that important information are ignored. 
The only fuzzy ranking method that includes a sufficiently great number of -cuts is 
specified in (Mabuchi, 1988) and is presented now. In order to determine the degree to 
which a is greater than b, the fuzzy number d must be generated by means of (14). The not 
yet normalized value for a -cut arises by using (15). 
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The values of (15) for the particular degrees of  must be merged next. But the regular 
formula is too complex so that an approximation is proposed in (Mabuchi, 1988) which is 
also utilized here. In the same paper, an accurate computation for trapezoids as fuzzy 
numbers is indicated which, however, can be ignored. The reasons for it are that the 
calculation is very complex and sufficiently precise values result from the approximation 
defined by (16). The accuracy of the output is improved by increasing the value of the 
natural number N. 
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4.4 Hamming distance 
The next fuzzy ranking methods to be presented work with the hamming distance of two 
possibility distributions which is described by (17). Furthermore, both the greatest upper set 
and the greatest lower set defined by (18) and (19) respectively are utilized. 
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derive the order of fuzzy numbers from pairwise comparisons and generate a membership 
degree for each pair. To be more precise, a fuzzy ranking method R(a, b) for two arbitrary 
trapezoids a and b has to produce a value in [0, 1] declaring to what extent a is greater than 
b. Since the degree to which a is less than b must not be calculated independently, the fuzzy 
reciprocal, that is R(a, b) + R(b, a) = 1, proposed in (Nakamura, 1986) must hold for each 
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The concept of the linguistic expression that produces not a single membership degree 
therefore can be ignored. The techniques probability distribution, left/right scores, centroid 
index and area measurement also have to be rejected because they include the distance 
between the fuzzy numbers in their computations. Concerning the question whether a real 
number is greater than another one, it is irrelevant if they are close-by or far away from each 
other. Thus, R(a, b) has to generate the maximum - 1 - or the minimum value - 0 - if and only 
if the supports of a and b are disjoint. The fuzzy ranking methods of the remaining 
techniques, that is degree of optimality, -cut, hamming distance, comparison function and 
proportion to optimal must be analyzed individually in order to decide whether they are 
suitable with respect to the operations of a fuzzy query language described in this section. 
These analyses also have been presented partly in (Shirvanian & Lippe, 2008). 
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In theory, the sums have to be replaced by integrals if two continuous fuzzy numbers, for 
example trapezoidal possibility distributions, are evaluated. But concerning the following 
analysis, (13) generates suitable results so that no integrals have to be computed. In 
addition, it is also recommended in (Canfora & Troiano, 2004) to perform an approximate 
calculation. 
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The technique -cut, whose methods are regarded in this subsection, determines the ranking 
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displayed before use only one particular -cut so that important information are ignored. 
The only fuzzy ranking method that includes a sufficiently great number of -cuts is 
specified in (Mabuchi, 1988) and is presented now. In order to determine the degree to 
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yet normalized value for a -cut arises by using (15). 
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The values of (15) for the particular degrees of  must be merged next. But the regular 
formula is too complex so that an approximation is proposed in (Mabuchi, 1988) which is 
also utilized here. In the same paper, an accurate computation for trapezoids as fuzzy 
numbers is indicated which, however, can be ignored. The reasons for it are that the 
calculation is very complex and sufficiently precise values result from the approximation 
defined by (16). The accuracy of the output is improved by increasing the value of the 
natural number N. 
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4.4 Hamming distance 
The next fuzzy ranking methods to be presented work with the hamming distance of two 
possibility distributions which is described by (17). Furthermore, both the greatest upper set 
and the greatest lower set defined by (18) and (19) respectively are utilized. 
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4.4 Hamming distance 
The next fuzzy ranking methods to be presented work with the hamming distance of two 
possibility distributions which is described by (17). Furthermore, both the greatest upper set 
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Equivalent to the previous techniques, the class hamming distance also contains only a few 
fuzzy ranking methods which meet the requirements indicated before. One of them is 
illustrated in (Nakamura, 1986), is defined by (20) and is dependent on a specific value for  
that must be set in advance. 
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The measure (20), however, can be disregarded because drastic deficits were revealed in 
(Kolodziejczyk, 1986). To be more precise, RN can assign the extremal values to both two 
almost identical and two remote fuzzy numbers. Due to these disadvantages, three 
alternatives defined by (21) to (23) were developed in the last-mentioned work. The 
minimum is utilized as the t-norm for the computation of the intersection in RK1 and RK3. 
Interestingly, RK2 generates exactly the same results than RN if  = 0.5 (Wang & Kerre, 2001) 
so that only the methods RK1 and RK3 remain. 
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Although RK1 and RK3 appear relatively diverse at first sight, their results vary only 
minimally from each other; this effect will be demonstrated later. Nevertheless, both 
procedures are analyzed because this difference will be pointed out to be significant. But RK1 
and RK3 have a shortcoming, that is, a division by zero can take place which must be 
avoided. By applying (21), this happens if a and b are crisp numbers whereas concerning 
(23), the two numbers additionally must be identical. The values 0, 0.5 and 1 have to be 
produced for these particular scenarios. 

 

4.5 Proportion to optimal 
The last class - proportion to optimal - shares properties with the technique degree of 
optimality. But the optimum now arises out of the given fuzzy numbers. The method 
introduced in (McCahon, 1987) is not presented here because it is a special case of the fuzzy 
ranking method declared in (Setnes & Cross, 1997). The approach in (Setnes & Cross, 1997) 
does not describe a specific fuzzy ranking method, but a group of procedures. In each case, 
the optima are given by the fuzzy maximum and the fuzzy minimum because the classical 
maximum and minimum can be used to determine the greatest and the smallest item. The 
degree to which a is greater than b is computed by (24) whose components  and S are 
defined next. 
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place is utilized; this function is defined by (25). Moreover, different kinds of comparison 
measures, for example inclusion measures, can be applied which, however, are neglected 
here as well. 
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According to (Setnes & Cross, 1997),  is a function in which, amongst others, the arithmetic 
mean or any t-norm can be used. But if the similarity measure (25) is selected and a t-norm 
is applied on a comparison between a continuous fuzzy number and a crisp number, the 
output of (24) is always 0. Thus, the arithmetic mean, whose insertion in (24) leads to (26), is 
utilized exclusively in the following. 
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Unfortunately, the fuzzy reciprocal does not hold for this formula. Hence, in (Setnes & 
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outlined before, the ratio of both terms must be calculated. The approach, which together 
with the other presented procedures is analyzed in the next section on the basis of examples, 
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According to (Setnes & Cross, 1997),  is a function in which, amongst others, the arithmetic 
mean or any t-norm can be used. But if the similarity measure (25) is selected and a t-norm 
is applied on a comparison between a continuous fuzzy number and a crisp number, the 
output of (24) is always 0. Thus, the arithmetic mean, whose insertion in (24) leads to (26), is 
utilized exclusively in the following. 
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Unfortunately, the fuzzy reciprocal does not hold for this formula. Hence, in (Setnes & 
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outlined before, the ratio of both terms must be calculated. The approach, which together 
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5. Comparison of fuzzy ranking methods 
 

Before the quality of an order generated by the fuzzy ranking methods can be examined, it is 
important to find out whether they produce suitable degrees for different pairs of fuzzy 
numbers. Concerning the determination of meaningful scenarios, the analyses listed in 
subsection 3.3 are hardly helpful because mostly comparisons with more than two fuzzy 
numbers are examined. Consequently, a new collection of scenarios is used now which is 
observable in Figure 2 and whose items partly derive from some of the examples given in 
(Deng, 2007; Zhu & Lee, 1992). Naturally, fuzzy numbers with disjoint supports do not need 
to be taken into account. The fuzzy number marked by the continuous line represents in 
each case the first argument a whereas the other fuzzy number illustrates the second 
argument b. Since the fuzzy reciprocal holds for all fuzzy ranking methods, it is not 
necessary to apply them with reversed arguments. 
 

 
Fig. 2. A set of fuzzy numbers to be evaluated 
 
The fuzzy ranking methods which have been regarded as adequate in the previous section, 
that is RCT, RM, RK1, RK3 and RSC, now are applied on each of the scenarios presented above. The 

 

degrees displayed in Table 1 are rounded after the fifth decimal place. Concerning RM, the 
variable N was set to 100 because a sufficiently accurate approximation is achieved with it. 
 

R 
No. RCT(a, b) RM(a, b) RK1(a, b) RK3(a, b) RSC(a, b) 

I 0.02315 0.0187 0.07143 0.0625 0.07143 
II 0.33881 0.35859 0.4 0.4 0.4 
III 0.41878 0.31114 0.41861 0.41861 0.41861 
IV 0.5492 0.70593 0.55 0.55495 0.55 
V 0.12412 0.447 0.2702 0.27387 0.26935 
VI 0.59305 0.40553 0.53519 0.53321 0.53522 
VII 0.66528 0.90659 0.69444 0.75506 0.7018 
VIII 0.72494 0.86832 0.70395 0.72222 0.70431 
IX 0.39759 0.2078 0.38026 0.37147 0.37966 
X 0.48794 0.51917 0.5 0.5 0.5 
XI 0.928 0.93589 0.872 0.87402 0.872 
XII 0.72 0.66267 0.64 0.64 0.64 

Table 1. Results of the proposed fuzzy ranking methods 
 
Studying the results of the first potentially suitable fuzzy ranking method presented in 
section 4 – RCT –, it is clear that appropriate data exist for many situations. But there are also 
scenarios in which the output of this method must be interpreted as quite questionable, in 
particular No. V. Although it appears to be that a is less than b, the disproportionately small 
degree does not express the situation adequately because, for example, a has the greater 
maximum value. 
By contrast, RM produces a very high degree for the same example because the zones with 
high membership values are weighted too heavily. This action especially has an impact on 
the scenarios VI and VII. In the first case, the fuzzy number a is slightly greater than b but its 
maximum value is somewhat less than the one of b. All other fuzzy ranking methods 
accordingly generate a result greater than 0.5. The method RM, however, clearly declares b as 
the greater fuzzy number. The result for the second case is close to the maximum value so 
that this scenario is also characterized inappropriately. Therefore, the utilization of RM 
cannot be recommended. 
The degrees of the remaining methods differ only minimally from each other or even are 
partly identical so that RK1 can be used as a reference. Since the results of this procedure 
appear to be consistent with respect to the examined examples, it has to be found out 
whether the use of RK3 or RSC is more preferable. In order to compare RK1 with the other 
methods, its concept has to be described. 
The numerator consists of two parts, one of which computes the area of the intersection 
whereas the other one simply determines the zones in which a dominates b. Dividing the 
sum of these two parts by the sum of the areas of both fuzzy numbers leads to the final 
result. The calculation of this method can be explained even more easily by regarding an 
example in details. Thus, the application of RK1(a, b) on the two fuzzy numbers 
a = [1, 10, 12, 15] and b = [3, 5, 6, 17] illustrated in Figure 3 is analyzed next. 
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Fig. 3. A pair of fuzzy numbers to be analyzed in details 
 
Six different areas are displayed in Figure 3, one of which, that is s16, does not belong to one 
of the two trapezoids. The intersection area is denoted as s15 and there are two zones in 
which a dominates b, namely s12 and s13. Hence, the numerator consists of the sum of these 
three areas whereas the denominator arises from the sum of the areas s11, s12, s13, s14 and 
twice s15 representing the areas of both trapezoids. 
Despite the varying equations (21) and (23), Table 1 indicates that the output of RK3 differs 
from the one of RK1 if and only if the cores of both fuzzy numbers do not intersect. The 
reason for it is that RK3 processes the same subareas but additionally includes the area 
between the two cores, that is s16, in its calculation. Concerning the current example, RK3 
divides the sum s12 + s13 + s15 + 2s16 by the sum s11 + s12 + s13 + s14 + 2s15 + 2s16. Besides, the 
numerator of RK3 contains the area 2s16 if and only if the core of a is greater than the core of 
b. Thus, equivalent to RM, the zones with high membership values are weighted more 
heavily. But in contrast to RM, the method RK3 does not generate any implausible degrees. 
Since this kind of weighting is advantageous, RK3 is more favorable than RK1. 
The method RSC can also be ignored because the results of this method are very similar to 
the outputs of RK1. By including an alternative similarity measure in (24), varying fuzzy 
ranking methods could be designed. Anyhow, the procedure RK3 represents an appropriate 
solution so that this task seems to be superfluous. 
Furthermore, due to the analyses in (Wang & Kerre, 2001), an order produced by RK3 is 
reasonable. Consequently, suitable results for all operations of a fuzzy query language 
indicated in section 3 can be achieved by utilizing this fuzzy ranking method. Although the 
calculation of (23) appears to be very complex, the application on the previous example has 
demonstrated the straightforward concept. In the next section, the performance of ranking 
fuzzy numbers by means of RK3 is analyzed. 

 
6. Performance of the selected fuzzy ranking method 
 

6.1 Algorithm for the efficient computation of RK3 
It has already been mentioned that RK3 compares two fuzzy numbers with each other by 
calculating the ratio of particular partial areas of them. Since only trapezoids are utilized 

 

here, it is not difficult to determine the relevant partial areas as it has been indicated in 
Figure 3. Nevertheless, this process can be simplified further by using the fuzzy ranking 
method introduced in (Yuan, 1991). 
This procedure that is defined by (28) derives from the fuzzy ranking method specified by 
(20). But instead of using the two fuzzy numbers as the arguments, the difference of them 
calculated by means of (14) represents the first argument. The second argument is the fuzzy 
number (29) which can also be described by the trapezoid [0, 0, 0, 0]. Furthermore, the 
variable  is set to 0.5. In order to explain this procedure as well as its relationship to RK3, 
Figure 4 is examined. 
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Fig. 4. The fuzzy difference of the previous example 
 
Figure 4 shows the difference of the two fuzzy numbers displayed in Figure 3; the difference 
d = [–16, 4, 7, 12] is determined by applying (14). If a and b are two normalized trapezoidal 
possibility distributions, the fuzzy difference d = a – b is also a normalized trapezoid with 
the values [a – b, a – b, a – b, a – b]. The trapezoid arising out of the fuzzy difference is 
subdivided into the four partial areas s21, s22, s23 and s24, three of which are visible in Figure 
4. The areas s21 and s24 represent the positive and the negative part of d whereas s22 and s23 
are the positive and the negative areas between that trapezoid and (29). It is obvious that at 
most one of the two last-mentioned partial areas can exist. 
As it is evident from (20), the denominator of (28) contains a sum of four areas, two of which 
are also part of the numerator. Regarding the current example, the sum s21 + 2s22 is divided 
by the sum s21 + 2s22 + 2s23 + s24. In the following, it is shown that RY produces the same 
values as RK3, at least if exclusively normalized trapezoidal possibility distributions are 
processed. First of all, according to the next equation, the area of d is equal to the sum of the 
areas of a and b. 
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here, it is not difficult to determine the relevant partial areas as it has been indicated in 
Figure 3. Nevertheless, this process can be simplified further by using the fuzzy ranking 
method introduced in (Yuan, 1991). 
This procedure that is defined by (28) derives from the fuzzy ranking method specified by 
(20). But instead of using the two fuzzy numbers as the arguments, the difference of them 
calculated by means of (14) represents the first argument. The second argument is the fuzzy 
number (29) which can also be described by the trapezoid [0, 0, 0, 0]. Furthermore, the 
variable  is set to 0.5. In order to explain this procedure as well as its relationship to RK3, 
Figure 4 is examined. 
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Fig. 4. The fuzzy difference of the previous example 
 
Figure 4 shows the difference of the two fuzzy numbers displayed in Figure 3; the difference 
d = [–16, 4, 7, 12] is determined by applying (14). If a and b are two normalized trapezoidal 
possibility distributions, the fuzzy difference d = a – b is also a normalized trapezoid with 
the values [a – b, a – b, a – b, a – b]. The trapezoid arising out of the fuzzy difference is 
subdivided into the four partial areas s21, s22, s23 and s24, three of which are visible in Figure 
4. The areas s21 and s24 represent the positive and the negative part of d whereas s22 and s23 
are the positive and the negative areas between that trapezoid and (29). It is obvious that at 
most one of the two last-mentioned partial areas can exist. 
As it is evident from (20), the denominator of (28) contains a sum of four areas, two of which 
are also part of the numerator. Regarding the current example, the sum s21 + 2s22 is divided 
by the sum s21 + 2s22 + 2s23 + s24. In the following, it is shown that RY produces the same 
values as RK3, at least if exclusively normalized trapezoidal possibility distributions are 
processed. First of all, according to the next equation, the area of d is equal to the sum of the 
areas of a and b. 
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Thus, s21 + s24 = s11 + s12 + s13 + s14 + 2s15 holds so that the denominators of RK3 and RY are 
identical if s22 + s23 = s16 holds. Since d = a – b and d = a – b hold, disjoint cores of a and b, 
which imply a positive value for s16, are equivalent to a positive value for s22 + s23. Therefore, 
intersecting cores lead to equal denominators. Moreover, assuming that the scenario in 
Figure 3 is given, s22 = s16 holds if the membership value of the intersection between the left 
edge of a and the right edge of b is equal to the membership value of d at the point 0; the last 
value results from –d/(d – d). Considering the equivalence of (8) and (12) shown in 
subsection 3.2, the two membership values are obviously equal. The last case, that is the 
occurrence of a positive value for s23, can be neglected because the fuzzy ranking methods 
fulfil the fuzzy reciprocal. 
In order to prove the equivalence of RK3 and RY, the equivalence of the numerators must be 
shown. Once again, it is not necessary to take the case with a positive value for s23 into 
account so that the area s21 + s22 is represented by the trapezoid [0, 0, a – b, a – b]. The area 
of this trapezoid is equal to the area of the trapezoid formed by the partial areas s12, s13, s15 
and s16. Due to the equivalence of s16 and s22, the numerators of RY and RK3 for the current 
scenario, that is s21 + 2s22 and s12 + s13 + s15 + 2s16, are identical. Intersecting cores of a and b 
do not influence this result because s21 = s12 + s13 + s15 holds in that case. 
Altogether, RY produces the same values as RK3 so that the partial areas of only one 
trapezoid, namely the fuzzy difference d = a – b, have to be computed. The result of RY(a, b) 
is calculated by RY(d) defined by (30). The last three cases represent the scenarios, in which 
the two cores intersect, the core of a is greater than the core of b and vice versa. 
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6.2 Ranking multiple fuzzy numbers 
An algorithm efficiently calculating the degree to which a trapezoid is greater than another 
one has been presented in the previous subsection. But it is not clear how to rank more than 
two fuzzy numbers. A solution for this problem is the creation of an ordinal scale proposed 
in (Tseng & Klein, 1989) for the fuzzy ranking method RK1; this concept is also feasible for 
RK3. In order to obtain a result, RK3(a, b) must be applied on each pair of trapezoids a and b. 
In doing so, it is noted down which trapezoid is greater than the other one. The order of the 
fuzzy numbers arises from these data so that a is ranked before b if a has been regarded as 

 

the greater fuzzy number more often than b. Assuming that n fuzzy numbers have to be 
ranked, RK3 must be applied n(n – 1)/2 times. 
This procedure is used, amongst others, in psychological researches, more precisely for the 
ranking of items according to the preferences of a person. Since these preferences usually do 
not fulfil the transitivity rule, each pair of items has to be evaluated in order to identify and 
eliminate inconsistencies (Gilbert et al., 1998). The fuzzy ranking method RK3, however, 
satisfies the transitivity rule specified in (31). 
 

      5.0,then  5.0, and 5.0, if :,,  caRcbRbaRcba  (31) 
 
Moreover, both the fuzzy reciprocal holds for RK3 and this method can be applied on any 
two fuzzy numbers so that RK3 induces a weak fuzzy order (Nakamura, 1986). Thus, a 
distinct order of any set of fuzzy numbers can be generated by RK3; the property to interpret 
two different fuzzy numbers as equal can be disregarded. In (Tseng & Klein, 1989) as well as 
in some other papers, for example in (Jaafar & McKenzie, 2008; Lee, 2005; Li, 1999), this fact 
was apparently not considered. Consequently, fuzzy numbers can be ranked by means of an 
ordinary sorting algorithm, for example quicksort, so that the complexity is reduced from 
O(n2) to O(n log n). 
Although a huge efficiency increase is achieved with this enhancement, a procedure was 
introduced in (Li, 1999) by which the performance could be improved even more. The 
reason for it is that – despite the execution of O(n log n) comparisons – RK3 has to be applied 
only n times. Unfortunately, it was proven in (Lee, 2005) that this procedure is incorrect. In 
the same paper, it was indicated that the procedure would be valid if a fuzzy ranking 
method is used that fulfils (32) and (33). 
 

      5.0,,, :,,  baRcbRcaRcba  (32) 
      5.0,,, :,,  baRcbRcaRcba  (33) 

 
By means of the simple example a = [1, 2, 6, 7], b = [4, 5, 5, 6] and c = [6, 7, 7, 8], it is obvious 
that (32) does not hold for RK3. Therefore, it would be necessary to determine an alternative 
fuzzy ranking method. This task can be neglected because, on the one hand, RK3 generates a 
reasonable order. On the other hand, O(n log n) comparisons have to be performed in any 
case and by declaring (30), it has been shown that the result of RK3(a, b) can be computed 
efficiently if both a and b are normalized trapezoidal possibility distributions. 

 
7. Conclusion 
 

Comprehensible and consistent results produced by fuzzy queries are a necessary 
precondition for the acceptance of a fuzzy DBMS. Three important operations of a query 
language designed for relational databases are the determination of the minimum and the 
maximum of all attribute values, the restriction of a relation by discarding those tuples 
which do not satisfy an inequality constraint and the generation of an order of some tuples 
according to the values of an attribute. But almost all examinations concerning fuzzy 
relational query languages that process fuzzy numbers either ignore these operations or 
consider them independently from each other. 
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Thus, s21 + s24 = s11 + s12 + s13 + s14 + 2s15 holds so that the denominators of RK3 and RY are 
identical if s22 + s23 = s16 holds. Since d = a – b and d = a – b hold, disjoint cores of a and b, 
which imply a positive value for s16, are equivalent to a positive value for s22 + s23. Therefore, 
intersecting cores lead to equal denominators. Moreover, assuming that the scenario in 
Figure 3 is given, s22 = s16 holds if the membership value of the intersection between the left 
edge of a and the right edge of b is equal to the membership value of d at the point 0; the last 
value results from –d/(d – d). Considering the equivalence of (8) and (12) shown in 
subsection 3.2, the two membership values are obviously equal. The last case, that is the 
occurrence of a positive value for s23, can be neglected because the fuzzy ranking methods 
fulfil the fuzzy reciprocal. 
In order to prove the equivalence of RK3 and RY, the equivalence of the numerators must be 
shown. Once again, it is not necessary to take the case with a positive value for s23 into 
account so that the area s21 + s22 is represented by the trapezoid [0, 0, a – b, a – b]. The area 
of this trapezoid is equal to the area of the trapezoid formed by the partial areas s12, s13, s15 
and s16. Due to the equivalence of s16 and s22, the numerators of RY and RK3 for the current 
scenario, that is s21 + 2s22 and s12 + s13 + s15 + 2s16, are identical. Intersecting cores of a and b 
do not influence this result because s21 = s12 + s13 + s15 holds in that case. 
Altogether, RY produces the same values as RK3 so that the partial areas of only one 
trapezoid, namely the fuzzy difference d = a – b, have to be computed. The result of RY(a, b) 
is calculated by RY(d) defined by (30). The last three cases represent the scenarios, in which 
the two cores intersect, the core of a is greater than the core of b and vice versa. 
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6.2 Ranking multiple fuzzy numbers 
An algorithm efficiently calculating the degree to which a trapezoid is greater than another 
one has been presented in the previous subsection. But it is not clear how to rank more than 
two fuzzy numbers. A solution for this problem is the creation of an ordinal scale proposed 
in (Tseng & Klein, 1989) for the fuzzy ranking method RK1; this concept is also feasible for 
RK3. In order to obtain a result, RK3(a, b) must be applied on each pair of trapezoids a and b. 
In doing so, it is noted down which trapezoid is greater than the other one. The order of the 
fuzzy numbers arises from these data so that a is ranked before b if a has been regarded as 

 

the greater fuzzy number more often than b. Assuming that n fuzzy numbers have to be 
ranked, RK3 must be applied n(n – 1)/2 times. 
This procedure is used, amongst others, in psychological researches, more precisely for the 
ranking of items according to the preferences of a person. Since these preferences usually do 
not fulfil the transitivity rule, each pair of items has to be evaluated in order to identify and 
eliminate inconsistencies (Gilbert et al., 1998). The fuzzy ranking method RK3, however, 
satisfies the transitivity rule specified in (31). 
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Moreover, both the fuzzy reciprocal holds for RK3 and this method can be applied on any 
two fuzzy numbers so that RK3 induces a weak fuzzy order (Nakamura, 1986). Thus, a 
distinct order of any set of fuzzy numbers can be generated by RK3; the property to interpret 
two different fuzzy numbers as equal can be disregarded. In (Tseng & Klein, 1989) as well as 
in some other papers, for example in (Jaafar & McKenzie, 2008; Lee, 2005; Li, 1999), this fact 
was apparently not considered. Consequently, fuzzy numbers can be ranked by means of an 
ordinary sorting algorithm, for example quicksort, so that the complexity is reduced from 
O(n2) to O(n log n). 
Although a huge efficiency increase is achieved with this enhancement, a procedure was 
introduced in (Li, 1999) by which the performance could be improved even more. The 
reason for it is that – despite the execution of O(n log n) comparisons – RK3 has to be applied 
only n times. Unfortunately, it was proven in (Lee, 2005) that this procedure is incorrect. In 
the same paper, it was indicated that the procedure would be valid if a fuzzy ranking 
method is used that fulfils (32) and (33). 
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By means of the simple example a = [1, 2, 6, 7], b = [4, 5, 5, 6] and c = [6, 7, 7, 8], it is obvious 
that (32) does not hold for RK3. Therefore, it would be necessary to determine an alternative 
fuzzy ranking method. This task can be neglected because, on the one hand, RK3 generates a 
reasonable order. On the other hand, O(n log n) comparisons have to be performed in any 
case and by declaring (30), it has been shown that the result of RK3(a, b) can be computed 
efficiently if both a and b are normalized trapezoidal possibility distributions. 

 
7. Conclusion 
 

Comprehensible and consistent results produced by fuzzy queries are a necessary 
precondition for the acceptance of a fuzzy DBMS. Three important operations of a query 
language designed for relational databases are the determination of the minimum and the 
maximum of all attribute values, the restriction of a relation by discarding those tuples 
which do not satisfy an inequality constraint and the generation of an order of some tuples 
according to the values of an attribute. But almost all examinations concerning fuzzy 
relational query languages that process fuzzy numbers either ignore these operations or 
consider them independently from each other. 
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Thus, s21 + s24 = s11 + s12 + s13 + s14 + 2s15 holds so that the denominators of RK3 and RY are 
identical if s22 + s23 = s16 holds. Since d = a – b and d = a – b hold, disjoint cores of a and b, 
which imply a positive value for s16, are equivalent to a positive value for s22 + s23. Therefore, 
intersecting cores lead to equal denominators. Moreover, assuming that the scenario in 
Figure 3 is given, s22 = s16 holds if the membership value of the intersection between the left 
edge of a and the right edge of b is equal to the membership value of d at the point 0; the last 
value results from –d/(d – d). Considering the equivalence of (8) and (12) shown in 
subsection 3.2, the two membership values are obviously equal. The last case, that is the 
occurrence of a positive value for s23, can be neglected because the fuzzy ranking methods 
fulfil the fuzzy reciprocal. 
In order to prove the equivalence of RK3 and RY, the equivalence of the numerators must be 
shown. Once again, it is not necessary to take the case with a positive value for s23 into 
account so that the area s21 + s22 is represented by the trapezoid [0, 0, a – b, a – b]. The area 
of this trapezoid is equal to the area of the trapezoid formed by the partial areas s12, s13, s15 
and s16. Due to the equivalence of s16 and s22, the numerators of RY and RK3 for the current 
scenario, that is s21 + 2s22 and s12 + s13 + s15 + 2s16, are identical. Intersecting cores of a and b 
do not influence this result because s21 = s12 + s13 + s15 holds in that case. 
Altogether, RY produces the same values as RK3 so that the partial areas of only one 
trapezoid, namely the fuzzy difference d = a – b, have to be computed. The result of RY(a, b) 
is calculated by RY(d) defined by (30). The last three cases represent the scenarios, in which 
the two cores intersect, the core of a is greater than the core of b and vice versa. 
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6.2 Ranking multiple fuzzy numbers 
An algorithm efficiently calculating the degree to which a trapezoid is greater than another 
one has been presented in the previous subsection. But it is not clear how to rank more than 
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in (Tseng & Klein, 1989) for the fuzzy ranking method RK1; this concept is also feasible for 
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the greater fuzzy number more often than b. Assuming that n fuzzy numbers have to be 
ranked, RK3 must be applied n(n – 1)/2 times. 
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efficiently if both a and b are normalized trapezoidal possibility distributions. 

 
7. Conclusion 
 

Comprehensible and consistent results produced by fuzzy queries are a necessary 
precondition for the acceptance of a fuzzy DBMS. Three important operations of a query 
language designed for relational databases are the determination of the minimum and the 
maximum of all attribute values, the restriction of a relation by discarding those tuples 
which do not satisfy an inequality constraint and the generation of an order of some tuples 
according to the values of an attribute. But almost all examinations concerning fuzzy 
relational query languages that process fuzzy numbers either ignore these operations or 
consider them independently from each other. 
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In this work, different fuzzy ranking methods have been analyzed because each of the three 
tasks mentioned before can be managed by means of a suitable ranking method. First of all, 
it has been determined which fuzzy ranking methods meet the requirements that are 
necessary to obtain meaningful results for the three operations. Afterwards, these ranking 
methods have been applied on several examples in order to identify the variant producing 
the most plausible results. The method defined by (23) has turned out to be the best choice. 
Despite the reasonable results of (23), its calculation appears to be very complex so that it 
was not clear whether the order of fuzzy numbers could be computed efficiently. But it has 
been shown that (23) is equivalent to (30), at least if normalized trapezoidal possibility 
distributions are utilized exclusively. Since on the one hand, this restriction is not severe, 
and on the other hand, the performance of ranking fuzzy numbers by means of (30) is 
acceptable, the use of this method is not to be objected. 
Altogether, a single fuzzy ranking method remains by which meaningful results for the 
three named operations of a fuzzy query language can be determined efficiently. That 
method accordingly should be provided by a fuzzy query language. 
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it has been determined which fuzzy ranking methods meet the requirements that are 
necessary to obtain meaningful results for the three operations. Afterwards, these ranking 
methods have been applied on several examples in order to identify the variant producing 
the most plausible results. The method defined by (23) has turned out to be the best choice. 
Despite the reasonable results of (23), its calculation appears to be very complex so that it 
was not clear whether the order of fuzzy numbers could be computed efficiently. But it has 
been shown that (23) is equivalent to (30), at least if normalized trapezoidal possibility 
distributions are utilized exclusively. Since on the one hand, this restriction is not severe, 
and on the other hand, the performance of ranking fuzzy numbers by means of (30) is 
acceptable, the use of this method is not to be objected. 
Altogether, a single fuzzy ranking method remains by which meaningful results for the 
three named operations of a fuzzy query language can be determined efficiently. That 
method accordingly should be provided by a fuzzy query language. 
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1. Introduction 

The intensive growth of the volume of the data available on the web has generated 
numerous problems of access to the data/information. The tools permitting to facilitate 
personalized access to relevant information, and in particular research systems of 
information, must take the appropriate action. The problem to face is data storage i.e. index 
management. Many techniques have appeared in order to help store the information in a 
way which makes its enquiry simple and harsh. In this context, it is the volume of the 
information which is highlighted, without the need to evaluate the traditional research 
modals of data. 
Nevertheless, the appearance of new documents’ formats requires the adaptation of these 
modals to be able to find the relevant information. In fact, content alone is not enough to 
decide about the relevance of the document if it is structured. The XML document is what 
matters in this problem. The notion of the structure has been made to complete the content 
of the document and must be dealt with within a research method of information, known as 
research of structured information/data. The traditional research modals of data processed 
the structure of documents as relevant only in a marginal way. With the new requirements 
set by research of structured information/data, they can not separate between storage 
techniques and structured data query which makes the reputation of database management 
systems. On the other hand, database management systems process only the structure: All 
the data is supposed to be atomic and consequently no content process is realised. The 
community of database and information research has put a long time dealing with this 
topical problematic. We find approaches based on the content (document-centric). They 
mainly process content taking into consideration structure as an additional dimension. We 
also find approaches based on structure (data-centric).They prioritize data structure and 
process the content by generating similar queries of SQL. 
According to this technique, there is much enthusiasm about the content or the structure. 
The crossing to the scale contrary to any expectation shows that structure damages the 
quality of response. The current data research techniques give much importance to 
structure, but always in a marginal way. 
An XML document is assimilated to a tree where the nodes represent XML embedded 
visible commands and can contain content elements. Contrary to the classic data research, a 
query may be formulated in XML. The access to XML documents consists in finding the 

24



Recent Advances in Technologies424

 

Yager, R.R. (1980). On choosing between fuzzy subsets. Kybernetes, Vol. 9, No. 2, pp. 151-154 
Yager, R.R. (1981). A procedure for ordering fuzzy subsets of the unit interval. Information 

Sciences, Vol. 24, No. 2, pp. 143-161 
Yuan, Y. (1991). Criteria for evaluating fuzzy ranking methods. Fuzzy Sets and Systems, 

Vol. 43, No. 2, pp. 139-157 
Zemankova-Leech, M. & Kandel, A. (1984). Fuzzy Relational Data Bases – a Key to Expert 

Systems, Verlag TUV Rheinland, Cologne 
Zhu, Q. & Lee, E.S. (1992). Comparison and ranking of fuzzy numbers. In: Fuzzy Regression 

Analysis, Kacprzyk, J. & Fedrizzi, M., (Ed.), pp. 21-44, Omnitech Press, Warsaw 
 

XML retrieval 425

XML retrieval

Ben Aouicha Mohamed, Tmar Mohamed, Boughanem Mohand and Abid Mohamed

X 
 

XML retrieval 
 

Ben Aouicha Mohamed, Tmar Mohamed, Boughanem Mohand  
and Abid Mohamed 

ENI Sfax 
Tunisia 

 
1. Introduction 

The intensive growth of the volume of the data available on the web has generated 
numerous problems of access to the data/information. The tools permitting to facilitate 
personalized access to relevant information, and in particular research systems of 
information, must take the appropriate action. The problem to face is data storage i.e. index 
management. Many techniques have appeared in order to help store the information in a 
way which makes its enquiry simple and harsh. In this context, it is the volume of the 
information which is highlighted, without the need to evaluate the traditional research 
modals of data. 
Nevertheless, the appearance of new documents’ formats requires the adaptation of these 
modals to be able to find the relevant information. In fact, content alone is not enough to 
decide about the relevance of the document if it is structured. The XML document is what 
matters in this problem. The notion of the structure has been made to complete the content 
of the document and must be dealt with within a research method of information, known as 
research of structured information/data. The traditional research modals of data processed 
the structure of documents as relevant only in a marginal way. With the new requirements 
set by research of structured information/data, they can not separate between storage 
techniques and structured data query which makes the reputation of database management 
systems. On the other hand, database management systems process only the structure: All 
the data is supposed to be atomic and consequently no content process is realised. The 
community of database and information research has put a long time dealing with this 
topical problematic. We find approaches based on the content (document-centric). They 
mainly process content taking into consideration structure as an additional dimension. We 
also find approaches based on structure (data-centric).They prioritize data structure and 
process the content by generating similar queries of SQL. 
According to this technique, there is much enthusiasm about the content or the structure. 
The crossing to the scale contrary to any expectation shows that structure damages the 
quality of response. The current data research techniques give much importance to 
structure, but always in a marginal way. 
An XML document is assimilated to a tree where the nodes represent XML embedded 
visible commands and can contain content elements. Contrary to the classic data research, a 
query may be formulated in XML. The access to XML documents consists in finding the 

24



Recent Advances in Technologies426  

 

fragments of a tree relevant to the query and having an illustration within the tree relative to 
the document in terms of content and structure: A good research system of structured data 
must take into consideration these two aspects in a flexible way i.e. the similarity in terms of 
content and / or structure must be a graded measure. 
The classic XML query languages are based on the exact comparison. They do not allow 
providing binary results, but in data researching (classic or structured), we try to organize 
the documentary granules according to their potential relevance. 
The appearing document/query must be realised in the same way as the documentary 
granules, whom structure shows slight differences with the query structure, get a score. 
They can equally be considered as the reverse of the strain necessary to the incremental 
construction of a tree out of another. 
The comparison of trees was the concern of many initiatives. They were all based on the 
most basic updating methods which each is provided according to a certain cost. The 
construction cost is the cumulative cost of all the necessary operations for the construction. 
We start from the representation of a tree and then we transform it into another with the 
minimum of possible strain. While in an experimental situation, algorithms used to compare 
literature trees have shown not to be adapted to data structured research. 
Less complicated than the algorithms of comparing trees, the Levenstein distance, initially 
suggested to measure the distance between two character chains rather than trees, is the 
alternative solution, but it remains costly since it is based on the dynamic programming 
which is costly itself. 
The processing of content is equally problematic. In fact, the textual/ word content does not 
always appear in node leaves. However, an internal node can be relevant even if it does not 
contain any indexing terms because relevance does not arise only from structure. In order to 
restore order within the nodes so that the leaves are not privileged compared to internal 
nodes, the latter must have a score relevant to the content. In literature, we distinguish two 
common principles. The majority of RI models use score propagation: We propagate and 
spread the score of a node relevant to a query (in terms of content) to its ancestors. The other 
models are based on the spreading / propagation of content: Instead of spreading the score, 
we spread the content of a node to another via descendents ‘links and we calculate its score 
independently. 
Only the distance between XML documents is taken into consideration during the 
propagation (depth), however, there exist other criterians (related to the width of a tree or a 
fragment of a tree) that may have an important impact on the quality of the system 
response.  
The processing of both content and structure are the major problems of data structured 
research. It is essential to obtain relevant scores at a scale highly graduated. It is at this level 
that occurs a problem: how to combine both scores to be able to supply a sorted list of XML 
elements. Otherwise, every XML element must get a unique score obviously depending on 
its relevance according to the structure and content, but according to what and how ? A 
linear combination seems to be a solution, whereas facing the experimental evaluation, other 
more complicated combinations must be experienced, and many other parameters must be 
taken into consideration. 
The traditional problematic related to the evaluation of data relevance compared with a 
query is still of topical importance. However, it is getting complicated and it implies other 
issues within the framework of XML documents, notably concerning structure. 

 

Queries orientated to content, which are far from being easy for the user, dictate for data 
research systems to decide about the appropriate granularity of the data to be sent. Data 
units must be the most possibly exhaustive and specified compared to the query. Unlike 
traditional data research, relevance within the framework of structured data research is in 
fact expressed according to two dimensions: exhaustivity and specificity. Exhaustivity 
allows to measure to which point data units respond to the users ‘needs. Specificity, on the 
other hand, allows to measure to which point data unit content focuses on the users’ 
requirements. Research and sorting models of data units must therefore take into 
consideration those two dimensions explicitly, which is not of course the case of the 
suggested approaches in literature and notably database orientated approaches. Within the 
framework of query, two cases are possible. In the first case, the user can express conditions 
regarding the structure of the document, but can not precise the type of data units he wishes 
to resent using the system. This problematic, in which structured data can be used only as 
an indication to help find the relevant information and not as an indication of what the user 
wants, was not dealt with in literature. The second case is concerned about queries for 
which the type of the element to be resent is specified by the user. Other relevance notions 
come therefore into play. The size of specificity has no longer a meaning since the user 
precise the data granularity he needs. Meanwhile, the content of structure elements as well 
as path commands present within the query should be able to be processed in an indefinite 
way. Otherwise, a degree of relevance must be allocated to the elements. 

 
2. Issues and problems of structured information 

XML documents have updated the problem of information retrieval. In traditional IR or 
unstructured, the documentary unit returned to the user is the entire document. The first 
challenge of the query in XML documents deals essentially with the concept of documentary 
unit; in fact, in the case of XML documents, any item can be returned as a response to the 
request. Therefore, there is no standard unit (whole document). If our request for document 
shown in Figure 2.1 is photography, we can return the title element, the element section or 
the article: the result will be a granule document (a portion of the document). 
 

 
Fig 2.1 Example of XML document 
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Fig 2.1 Example of XML document 
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2.1 Queried Information  
A structured (SIRS) is expected to set a criterion to select the most appropriate of an XML 
document [1]: such a system should always seek the most specific of a document responding 
to a query. This motivates a strategy for recovery that returns the smallest unit containing 
the information sought, but not below this level. However, it can be difficult to implement 
this principle algorithmically. Consider a query seeking the information unit containing the 
word photography, in the example in Figure 2.1 we have two title elements containing that 
word. But in this case, the title which contains only the photography is very specific [2][7]. 
However, items returned must not lack exhaustivity: if multiple items are very specific but 
comprehensive low, they can be grouped to form a less specific but very comprehensive. 
Deciding what level of the tree potentially responds to a request is difficult. We must 
consolidate knots, but the problem of this is that parts of the document may not make sense 
for the user because they are not logical. 
Because of the redundancy caused by the small size ,it is common to restrict the set of 
elements that are eligible to be returned. So the restriction policies must : 

 Remove all small items, 
 Avoid all kinds of things which users do not look at, 
 Avoid all kinds of things that users do not generally consider appropriate  

(if relevance assessments are available) 
 Keep only the types of items that a designer or a library system considered as 

useful. 
In most of these approaches, result sets contain small parts. Thus, we can remove a few 
items in a stage of post-treatment to reduce redundancy. Alternatively, we can group 
several smaller items together. If conditions are accentuated in the need for information, 
average scanning of the elements takes longer time than the sweeping of the smaller. 
Thus, if the section and paragraph occur in the list of results, they would be sufficient to 
show the section. The advantage of this approach is that the paragraph is presented together 
with its context (i.e. section). This context may be useful in the interpretation, subsection (for 
example, the reported source of information) is preserved if the paragraph alone satisfies the 
query. If the user knows the schema of the collection and may indicate the type of item 
desired, then the problem of redundancy is tolerated as long as some elements have the 
same nested type. 

 
2.2 Expression of information needs 

In structured IR (SRI) users must indicate the items they interview. Therefore the interface 
formulation is more complex than a search box of information needs consisting of simple 
lists of key words as in classical IR. We can also assist the user by providing suggestions 
based on the structures most frequently in documents of the collection. The complaints 
contain an information content (as in traditional IR) but may also contain structural 
information used in the RIS. Query languages [29][14] used for structured queries are 
typically based on XPath. However, users prefer relaxed structural constraints, to better 
target the units returned. 

 

3. Approaches to IR in XML documents 

Access to XML documents has been apprehended from two important angles [3] the data-
driven approach that uses techniques from the database (data-centric), and approach-
oriented(document-centric) adapting the techniques developed by the RI. table 3.1 illustrates 
the principles of each community for the treatment of structured documents. 
 

 DBMS IRS 
Be care in information  Precis Blur 
Result Exact Inaccurate 
Request  SQL Key words 
Model Set theory IR Models 

Table 3.1 Title of table, left justified 

3.1 The data-driven approaches 
Data-driven approaches overlay realized the integration of XML in a relation object. The 
overly allows you to transform XML documents into tables and vice versa. The aim of these 
approaches is to use the wealth of IR textual keywords in a query of the database. At this 
stage, many query languages have been developed to query XML  documents like XPath 
and XQuery. All these languages can integrate predicates in terms of content and structural 
information of XML documents in an efficient way, but they are limited because they treat 
the text in a binary(present\absent ),or it has been shown in IR text that the weighting 
keywords is required for the graduation of the document relevance and thus the return of 
an ordered list of results. 

 
3.2 Document–oriented approaches 

RI-driven approaches consider XML documents as collection of text documents with tags 
and relations between these tags. The main purpose of this community focuses on the use of 
the information carried by the document structure to improve search results and changes 
the granularity of the latter (structural elements instead of entire document).  
 The classic IR models (Boolean model, vector and probabilistic) have been extended to take 
into account the coexistence of the content and structure. They are concerned with effective 
treatment of textual content carried by the structural elements in XML documents. The 
relevance of a document against a query is an aggregation of all relevance values assigned to 
elements relevant to a query. 
The structural dimension is taken into account together with the text size. In several 
approaches, the textual content, whether weighted or not, is undergoing a spread of the 
leaves to the ancestors. This technique is highlighted with a view to appear in each element 
of the text content according to its descendants, and thereafter to evaluate the score of each 
depending on the content. There is a similar approach which is to inversely calculate a score 
in the leaves and spread to the ancestors [19]. 
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4. Techniques for indexing structured documents  

Indexing structured documents appears more complex compared to flat documents. In fact, 
the indexing of documents is just flat out words representative of each document. 
The document indexing service structure however is more complex with reference to the co-
existence of textual information and the structural information, so a structured document 
indexing is to find a way representing these two types of information. One of the main 
challenges in the RIS is to find a way representing these two types of information. One of 
the main challenges in the RIS is to find a way to represent structural information in an XML 
document in order to use this index in the calculation of relevance between a document and 
an XML query. Subsequently, textual information should be represented according to the 
structural information. In this section we present the different approaches proposed in the 
literature to address the problem of indexing structured documents. 

 
4.1 Indexing of textual information  
The textual information in XML documents is localized in the leaf nodes (of types # 
PCDATA) approaches for basic data they consider that these nodes have the text, unlike the 
document-oriented approaches, where the term is weighted to reflect its importance. 
The problem of indexation of the text unit is to find this information with that of the 
structural information to identify the element relevant to answering the query. There are 
two visions for indexing textual information in documents according to XML IR approaches 
textual information is processed simultaneously or independently of the structural 
information. The spread of the terms of the current approaches embody this relationship by 
spreading  leaf nodes to their ancestor [8]. In general, we calculate a weight for each term in 
the node that contains it, then that word is spread to ancestor nodes by reducing its weight 
by the distance between the node that contains it and to which the word is spreading 
indexing of textual information [2]. Separate units: approaches ignore the current stage of 
indexing the structural relationship between different nodes in the XML document. They 
consider that nodes are disjointed units [9][11][13] [21] [26]. 
 

 
Fig. 4.1 Example of an XML document section 

4.2 Indexing of the structural information 
We can distinguish between the modes of representation of the documents [25] the 
following methods : 
- Indexing fields: For each term of the document, we indicate the nodes that contain that 
contain [17]. So for each filed or tag located on the information text. With this method, we 

 

filter during the search, the tags containing the text in question. Table 4.1 illustrates the 
result of indexing the document shown in table 4.1. 
 

Word  Field 
Traitement Paragraphe 

Image Paragraphe 
Detection section2 

Image section2 
Table 4.1 Indexing based on fields 
 
Indexing paths instead of the name tag for locating textual information, indexing paths 
replace the name of the tag for locating textual information element based on XPath [17] as 
shown in table 4.2. 
 

Word Field 
traitement  /article/section1[1]/paragraphe[1] 
Image /article/section1[1]/paragraphe[1] 
Detection /article/section2[1] 
Image /article/section2[1] 

Table 4.2 Indexing based on the ways 
 
This accelerates the query process for locating information in multiple tags with the same 
name. The major drawback of this method is that it does not describe the relationship of the 
offsprings of different elements of the XML document. Indexing trees: this indexing 
technique is similar to indexing paths [22], but unlike the latter it can assign to each node the 
values of pre-order and post order to distinguish the relationship ancestor descendant 
(hierarchical) [21]. Table 4.3 illustrates an example of indexing based on trees. The index 
structure of XPath Accelerator [20] allows representing the XML document tree by assigning 
to each node of increasing values pre-order or post-order as shown in table 4.3. 
 

Word Path 
traitement  /article/section1[1]/paragraphe[1] (3) 
Image /article/section1[1]/paragraphe[1] (3) 
Detection /article/section2[1] (4) 
Image /article/section2[1] (4) 

Table 4.3 Example of indexing based on the trees 

 
5. Query models of XML documents 

The classical models of IR have been adapted to the IRS taking into account the structural 
dimension. Regardless to research models, the matching is preformed using two different 
approaches 

 Either at the level of the elements returned by a spread of terms that are weighted 
or not. 
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This accelerates the query process for locating information in multiple tags with the same 
name. The major drawback of this method is that it does not describe the relationship of the 
offsprings of different elements of the XML document. Indexing trees: this indexing 
technique is similar to indexing paths [22], but unlike the latter it can assign to each node the 
values of pre-order and post order to distinguish the relationship ancestor descendant 
(hierarchical) [21]. Table 4.3 illustrates an example of indexing based on trees. The index 
structure of XPath Accelerator [20] allows representing the XML document tree by assigning 
to each node of increasing values pre-order or post-order as shown in table 4.3. 
 

Word Path 
traitement  /article/section1[1]/paragraphe[1] (3) 
Image /article/section1[1]/paragraphe[1] (3) 
Detection /article/section2[1] (4) 
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Table 4.3 Example of indexing based on the trees 

 
5. Query models of XML documents 

The classical models of IR have been adapted to the IRS taking into account the structural 
dimension. Regardless to research models, the matching is preformed using two different 
approaches 

 Either at the level of the elements returned by a spread of terms that are weighted 
or not. 
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4. Techniques for indexing structured documents  

Indexing structured documents appears more complex compared to flat documents. In fact, 
the indexing of documents is just flat out words representative of each document. 
The document indexing service structure however is more complex with reference to the co-
existence of textual information and the structural information, so a structured document 
indexing is to find a way representing these two types of information. One of the main 
challenges in the RIS is to find a way representing these two types of information. One of 
the main challenges in the RIS is to find a way to represent structural information in an XML 
document in order to use this index in the calculation of relevance between a document and 
an XML query. Subsequently, textual information should be represented according to the 
structural information. In this section we present the different approaches proposed in the 
literature to address the problem of indexing structured documents. 

 
4.1 Indexing of textual information  
The textual information in XML documents is localized in the leaf nodes (of types # 
PCDATA) approaches for basic data they consider that these nodes have the text, unlike the 
document-oriented approaches, where the term is weighted to reflect its importance. 
The problem of indexation of the text unit is to find this information with that of the 
structural information to identify the element relevant to answering the query. There are 
two visions for indexing textual information in documents according to XML IR approaches 
textual information is processed simultaneously or independently of the structural 
information. The spread of the terms of the current approaches embody this relationship by 
spreading  leaf nodes to their ancestor [8]. In general, we calculate a weight for each term in 
the node that contains it, then that word is spread to ancestor nodes by reducing its weight 
by the distance between the node that contains it and to which the word is spreading 
indexing of textual information [2]. Separate units: approaches ignore the current stage of 
indexing the structural relationship between different nodes in the XML document. They 
consider that nodes are disjointed units [9][11][13] [21] [26]. 
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We can distinguish between the modes of representation of the documents [25] the 
following methods : 
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 Or at the level of the smallest unit of indexing. In this case the elements are 
returned with a spread of relevance. 

 
5.1 The extended vector model 
The extended vector model [10] is an extension of the model vector that separates the 
information provided by the structure of information content. Taking into consideration the 
structural information is highlighted by identification of a vector space in which documents 
(or elements of each document) and queries can be represented by vectors. This identifies a 
basis in which each vector element or XML query receives coordinates scalars. The basis of 
the extended vector model is based on the representation of each dimension by a sub-lexical 
tree. A sub- lexical tree is a path where the XML is a term sheet index, and internal nodes arc 
the names of XML tags. If we create a separate dimension for each sub-lexical tree that 
appears in the collection, the dimension of space becomes very large dimensions but many 
have little use because they usually appear in a single document. We can deal with the 
structural sub-lexical remaining trees the same as indexing terms in the classical vector 
model. 
This means that we can use the formalism of the vector space for XML query. The difference 
is that the dimensions of the vector space in the unstructured query are the terms while they 
are also sub-trees in the structured search. If we want to restrict the structural dimension, 
we are left with the traditional vector model. We can now represent the XML paths, whether 
derived from applications or documents, as vectors in this vector space and calculate the 
similarities between them. A simple measure of the similarity of a path in a cd document and 
a path in a query cq is calculated by the following function cr: 

  
1
1
0

                
              

q
d q

d

c if c can be produced from c by adding some elementCr c
so not








       (1) 

The final score of the document by using the cosine measure is given by: 
 

2

,

( , , )_ ( , ) ( , ) ( , , )
( , , )k l

l
r q d r k l k

c C c C t V

c C t V

weight d t csim c c c c c c wieght q t c
wieght d t c  

 

   


  
 
where V is the vocabulary of non-structural dimensions, C is the set of all paths of the XML 
tree and weight(q, t, c) and weight(d, t, c) are respectively the weight of a term t in a 
component c in the XML query q and document d. You can use the measures tf x idf to 
calculate the weight of a term t. Because of the structure of documents, different types of 
models have been extended in various ways. Thus we must take into consideration the 
additional parameters that have arisen with the IRS. To do this, we must then adjust the 
formulas and inject structure parameters such as the depth of the document, the number of 
children, etc. 

 

(2) 
 

 

5.2 The extended Boolean model  
To allow the expression of more powerful queries to specify the relationship between the 
terms of the index, the Boolean model has been extended with a new non-commutative 
binary operator contains. The first operand is of type XPath and the second is a Boolean 
expression. This model allows applications to be completely specified in terms of content 
and structural information based on the query language XPath. The research is to extract the 
title and convert it to boolean query, the elements considered relevant are then ranked by 
the sum OkapiBM25 [18]. Thief et al. [19] use a combination of methods using a probabilistic 
regression logistics with an approach based on the Boolean model to assess the relevance of 
the documents and items. The value of probability of relevance R of a component C 
(component) is calculated as the product of probabilities of relevance of C opposite the 
application Qbool by a Boolean model and relevance opposite the application Qprob by a 
probabilistic model: 
 

( | , ) ( | , )P R Qbool C P R Qprob C                                       (3) 
 

This combination allows you to restrict ail documents relevant to documents with a Boolean 
value equal to 1 while allocating a row.  

 
5.3 Probabilistic Model  
In the probabilistic model [27], classification of documents is based on the probability that 
the retrieved document d implies the query q. To extend the probabilistic model for XML 
documents, the odds must take into consideration the structural information. Two 
approaches have been developed. 
The first approach allows the use of conditional probabilities of joint, for example P(d|t) 
becomes P (d|p contains t) where d represents a document or part of the document, t is a 
term and p is a path in the tree XML, the second allows to extend the logic to pro and takes 
into consideration issues related to the structure: this approach is based on the definition of 
relations between record of tables in a database, and modeling predicates with logical 
formulas. As for the models together, this formalization does not order a list of documents 
and makes no room for vagueness of the wording of the request. This problem is solved by 
Fuhr [8] who focused on the IR in databases. He proposed to combine the approaches of IR 
and databases. It proposes a probabilistic relational algebra that is a generalization of 
relational algebra. This algebra is to assign probability weights to record of a relationship. 
These weights give the probability that a record belongs to a relationship. This approach has 
two advantages: it allows representing data values with vagueness and classifying 
documents according to their probability weight. 
This method is based on the query language XIRQL [9], and was implemented within the 
search engine HyRex. The terms are propagated to the nearest indexed node. The weight of 
relevance of the nodes is calculated through the propagation of the weights of terms in the 
document tree. The weight of each term decreases by multiplying each factor called growth 
factor. Considering the structure of the document shown in Figure 5.1, we assign to each 
term a weight according to its probability of occurrence in a node. We want to calculate the 
weight of the term model in the root element of the document presented in Figure 5.1 
(Article): 
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where V is the vocabulary of non-structural dimensions, C is the set of all paths of the XML 
tree and weight(q, t, c) and weight(d, t, c) are respectively the weight of a term t in a 
component c in the XML query q and document d. You can use the measures tf x idf to 
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children, etc. 
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where V is the vocabulary of non-structural dimensions, C is the set of all paths of the XML 
tree and weight(q, t, c) and weight(d, t, c) are respectively the weight of a term t in a 
component c in the XML query q and document d. You can use the measures tf x idf to 
calculate the weight of a term t. Because of the structure of documents, different types of 
models have been extended in various ways. Thus we must take into consideration the 
additional parameters that have arisen with the IRS. To do this, we must then adjust the 
formulas and inject structure parameters such as the depth of the document, the number of 
children, etc. 
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De compos, Fernandez and Huete [6] have also proposed a research model based on 
Bayesian networks where the diagram is inference based on conditional probability. Two 
types of diagrams are: SID(simple Inference Diagram) and CID (context based Inference 
Diagram). A Diagram consists of a qualitative component (representing the variables and 
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5.5 Language Models 
Sigurbjornsson et al. [28] have proposed a model combining language models of the 
element, the document and the collection. To estimate the model language, the authors used 
two types of index: an index to the elements of the XML document that provides the same 
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For each element e, we estimate the model language (score) for a query q by:  
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XIVIR is an XML information retrieval based on tree matching [3][4][5] . The approach 
consists of comparing document and query representations, computing a structure and a 
content score to each document node and then combines them into a final score. 

 
5.6.1 Structure retrieval 
When querying an XML corpus, best structure matches should privilege document parts 
that fulfill as more as possible the query structure. Slight structure differences should be 
tolerated in order to provide a ranked list of document parts. 
Formally, an XML tree is a set of node paths A B  where node A is the parent of node B. 

To each node, a set of weighted indexing terms is associated. The term weighting 
formula used will be presented in section 4 and has no effect on structure-based 
retrieval. The XML tree root is the only one that has no parent, so an XML tree T 
should have the following property: 
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The structural retrieval process should look for the deepest and largest sub-tree shared by 
both representations. To do so, we add to each path A B  a weight reflecting the 
importance of the relation between nodes A and B. According to the parent-child relation, 
this weight is equal to 1. The more A is distant from B in the original path, the less its weight 
is. We use the weighting function f defined by f( A B ) = exp(1 − d(A,B)) where d(A,B) is the 
distance that separates node A from node B. We denote this path by A w  B where  
w = exp(1 − d(A,B)) is the weight of the path A B . 
Figure 5.2 shows how a path 1 2 3 4N N N N    is extended to a set of weighted paths. 
To support flexible structure matching, we start by extending the query and the document 
trees paths, and then we look for the deepest and widest sub-trees shared by both sets of 
weighted paths. 
 

 
Fig 5.2 Original and additional paths, the original paths are weighted by 1. 
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We assume that this set of paths is potentially a relevant structure sub-tree, its score 
depends on the weight subscribed on each path according to the query and its 
corresponding according to the document. We use the cumulative product of each path 
weight according to the query by its corresponding according to the document: 
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where rsvs denotes the structure-based score of a retrieved sub-tree following the query 
structural conditions. Eq (rep. Ed) is a set of weighted paths generated from the query (resp. 
document) tree and Tq  ¨Td, shows that Tq is the homologous of Td. 

 
5.6.2 Text propagation and content-based retrieval 
The content-based score is computed for each document node according to a given query. 
This score is computed independently from the structure-based retrieval as follows: 
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where w(p, n) is the weight of term t in node n and n q  is the set of terms appearing in 
both the query and the element node. The term weight in a document node is computed as 
follows: 
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where ( , )ktf t c  is the frequency of term t in node ck and pidf  is the inverse of element 
frequency of term t and is done by the following: 
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where N is the total number of elements and  is the number of elements containing term t. 
Equation 9 shows that each node content is propagated to its ancestor nodes. For example, if 
node A is the parent of node B which contains term t, we assume that node A contains term 
t and we down weight it in node A by dividing it by 2 = d(A,B)+1. If node C is the parent of 
node A, term t is propagated from node B to node C and we divide its weight by  
3 = d(C,B) + 1 . . . 
 

 

The approach consists of comparing document and query representations, computing a 
structure and a content score to each document node and then combine them into a final 
score. 
The evaluation of the performance of a IRS, is generally based on measures of recall and 
precision. For the assessment of IR in XML documents, there is at present only one 
companion evaluation: INEX (Initiative for the Evaluation of XML retrieval). 

 
6. INEX evaluation Company 

INEX is a program that produces collections, sets of queries [2][11][23], and judgments of 
relevance. The INEX annual symposium is held to present and discuss research results. This 
company began in 2002; Table 2.5 illustrates the evolution of data in the companion INEX 
evaluation. It should be noted that the task CO (Content Only) is always present in the 
INEX. 

 
6.1. Test Collection 
The companion evaluation INEX provides a collection of documents prepared in XML 
format. The collection contains 12,107 items, about 500 MB, published from 1995 to 2002, this 
collection was used during the evaluation of the years 2002, 2003 and 2004. In 2005, the 
collection has been enriched, it contains 16,819 articles covering the period from 1995 to 2004 
and totalling approximately 750 MB. The DTD includes 192 different tags and an article is an 
average of approximately 1500 knots, and is of average depth of 6.9. 

 
6.2. Queries (Topics) 
In 2003, to express the information needs, XPath is the formalism that was used. This 
formalism was complex, the rate of errors in applications reached 63%. In language 20,041th 
NEXI (narrowed Extended XPath I) was proposed as a formalism for the expression of need, 
the error rate decreased to 12%. In 2005, the language NEXI was again adopted for the 
expression of information need. Content only (CO-type queries, Content Only), queries with 
information about the content and structure (type CAS, Content and Structure) 

 
6.3. The relevance judgments  
Assessing the relevance of SRIS goes through a phase of validation of documents returned 
by the IRS. Each element of the document or the document is considered in full by hand (by 
participants ) for each request. This phase allows to obtain judgments of relevance. A two-
dimensional scale was proposed: the first dimension measures the comprehensives and the 
second dimension measures the specificity of an element for a given query. These two 
dimensions are multivalued, which allows for elegance in the judgments. 
Completeness reflects only the presence or absence of the information sought in an item, 
even if this information appears in only a small part of the element. For example, the 
element representing the entire document will be considered as highly comprehensive even 
if only one paragraph in the whole document is very relevant to the application and that the 
rest of the document is not. One can distinguish for this endpoint four levels of 
completeness 
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formalism was complex, the rate of errors in applications reached 63%. In language 20,041th 
NEXI (narrowed Extended XPath I) was proposed as a formalism for the expression of need, 
the error rate decreased to 12%. In 2005, the language NEXI was again adopted for the 
expression of information need. Content only (CO-type queries, Content Only), queries with 
information about the content and structure (type CAS, Content and Structure) 

 
6.3. The relevance judgments  
Assessing the relevance of SRIS goes through a phase of validation of documents returned 
by the IRS. Each element of the document or the document is considered in full by hand (by 
participants ) for each request. This phase allows to obtain judgments of relevance. A two-
dimensional scale was proposed: the first dimension measures the comprehensives and the 
second dimension measures the specificity of an element for a given query. These two 
dimensions are multivalued, which allows for elegance in the judgments. 
Completeness reflects only the presence or absence of the information sought in an item, 
even if this information appears in only a small part of the element. For example, the 
element representing the entire document will be considered as highly comprehensive even 
if only one paragraph in the whole document is very relevant to the application and that the 
rest of the document is not. One can distinguish for this endpoint four levels of 
completeness 
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 Not exhaustive(0): the element does not address the subject of the complaint; 
 Slightly comprehensive(1): the marginal addresses the topic of the request; 
 Fairly comprehensive (2): the subject of the complaint is largely addressed in the 

element;  
 Highly exhaustive (3): the subject of the complaint is dealt with comprehensively in 

the item. 

Specificity is totally related to the evolution of structured documents. This measure 
examines the degree to which the element returned by the system processes all the 
information sought. One can distinguish for this endpoint four levels of specificity  

 Not specific (0): the element returned contains no relevant; 
 Low specific (1): only a small part of the information contained element is in the 

relevant information; 
 Fairly specific (2): the largest part in the element is of the relevant information ; 
 Very specific (3): the element returned contains only relevant information. 
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1. Introduction 
 

This article deals mainly with how advertisements handle different issues such as the issue 
of drugs. For this reason, public service advertisements, which link the Americans to actions 
involving drugs and alcohol, are not actually for the Middle East viewers. This is obvious 
for these viewers after watching such ads. Furthermore, this article focuses on the way 
advertisements are developed in a way that is not of significance to the Islamic culture. 
Since the Islamic beliefs and practices are deep rooted in the Muslims. This paper will focus 
on smoking advertisements and it’s effect. The researcher will compare the effect of smoking 
advertisements for two groups from the USA and UAE.  
Islam is the most followed religion in the Middle East (Kaufmann, 2009). Muslims view 
Islam as the sole religion that must be followed because it is an inseparable part of their lives 
(Abdul Haq, 2009). Quran, the holy book of Muslims, made all matters regarding life clear 
(Patel, 2009). Since it is made clear in the Quran that Muslims are not to gamble, use drugs 
or alcohol, media campaigns opposing drugs will hardly have an impact on the followers of 
Islam in the Middle East (El Sayed & Royer, 2003). Islam intends to handle both the physical 
and spiritual parts of the human life (Alam, 2009). Muslims learn to carry out the teachings 
of Islam regarding their bodies, money, spirit, and mind (Fiqh, 2008). The Muslim society 
also conforms to the rules of Islam and applies them in all aspects of life (Kaufmann, 2009). 
Because Muslims believe in the true soul of Islam, they simply reject the teachings and 
theories of modern liberals (El Sayed & Royer, 2003). Through Quran, Muslims are taught 
that life is but a short test which they have to pass successfully to enjoy the hereafter (Patel, 
2009). Death is viewed as a beginning and not an end to an eternal life.  Muslims are judged 
according to the good or the bad deeds which Muslims’ commit during life time and which 
are recorded by angles (Fiqh, 2008).. For this reason, a person must watch for his deeds, 
assist people, and put all his faith and fate in the hands in his creator. . 
Islam states that all people are equal and that they should treat servants and those who are 
low in social position with kindness and mercy (Khan, 2001). Women are dignified in Islam 
since it gave them all their rights of respect and protection (Abdul Haq, 2009). In Islam, it is 
not allowed for any reason to refuse to help those in need. Islam came to unify all nations 
under one principle in a world that is torn apart. 
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The paper will examine the impact of smoking advertisements in Muslims and western 
societies. The researcher interviewed 15 American and 15 Muslim smokers in the United 
Arab Emirates (UAE). All the interviewee are between 30-60 years old, who holds bachelor, 
masters and doctoral degrees. They were interviewed in their offices in the UAE. The main 
purpose of this research is to compare the westerns and Eastern,  Muslim, thought and 
believed of smoking advertisements. Also, studying the impact of the new advertisements 
and technology is another purpose of this research. Since both countries, USA and UAE, are 
using different new technologies to deliver many campaigns anti smoking, the research will 
focus on the impact of those campaigns too.  
The researcher found that both groups ignored the adv campaigns and affected by smoking 
adv. Americans and Emeriti are aware about the tobacco’s disease but they are still smoking 
because of stress in their work, nervous, depression…etc. Many researchers write about the 
adv impact but they don’t solve the problem, so future researcher must focus on solutions 
more than impacts.   

 
2.Literature Review 
 
American Advertising for Commercial and Public Service Purposes 
America's commercial and public service campaigns fail to reach the right audience (Hafen, 
1977). That simply happens because in order for the advertisement to do its intended job, it 
must first search for the right audience to target. Once this audience is found, they must be 
addressed with the right message (Hall, 1994). Attention must be also paid to the fact that 
people of different cultures watch the American advertisements and unless these audiences 
are targeted with messages that they understand, such advertisements will never cross 
cultural boundaries. 
 
Drug War – Latin America 
The drug war that is taking place nowadays has its impact on the whole world (The 
Economist, 2009). People have different viewpoints about this war. This war in fact targets 
the poor peasants, in Latin America, who depend on their small farms as being plantations 
of cocaine (Lane & Waller, 1992). Drug consumption is not a problem in itself in places like 
Peru, Bolivia and Columbia; it is rather exporting these drugs to those who can pay. 
These poor peasants fear that if this war on drugs is won, they would die of hunger since 
drug traffic is the main source of money for them (Hisnanick, John, Erickson & Patricia, 
1993). Growing Coca is their profession and way to gain their financial income, there is no 
other way (Ackerman, 1987). One out of two solutions will be these poor peasants' way out 
if the war on drugs is won; either growing more coca (Drug Wars, 2008)into the jungle or 
joining the growing ranks of Columbia's largest insurgency. 
The drug war in America aims at reducing the demand on drugs whereas the drug war in 
Latin America aims at destroying that source which exports cocaine (War in drugs, 2009). 
Unfortunately, the wrong American audience of those who can not pay to avoid detection is 
targeted. The poor blacks and Latinos in the U.S (Grinspoon,, 1994) are easy targets. So far 
the drug war hasn't made its intended goal since the flow of drugs continues into the United 
States. 

 

It is true that ". . . U.S. taxpayers have provided nearly $290 billion for the war on drugs" 
(Youngers & Coletta, 1997, p.16) yet that brought nothing but more readily doses of cocaine 
and heroine at lower prices than ever before. 
The great difference between the drug war in both the U.S. and Latin America is that drugs 
are thought of as an illegal and prohibited action in the U.S (Gabriel & Race, 2002). Whereas, 
to the poor peasants of Latin America, nothing is wrong with growing a cash crop which 
provides income to them (Stokes & Noam, 2005). 
Armies of Latin America think that whoever has the upper hand wins the war (Inciardi, 
2007). In other words, since the will of the Latin Americans is greater than the will of those 
who launched this drug war, the drug war is a low intensity conflict. In this respect, the 
Latin Americans will win and continue growing (Hager & Paul, 1991) selling, and exporting 
their cash crops. 
Because the drug cartels have their connections with the corrupt employees who get paid to 
cover up for these drug dealers, they are protected (Frankel & Glenn, 1997). Meanwhile, the 
money with which they buy the poor peasants' cash crops help those poor survive and 
return doubles to the drug cartels (HandeIsman, Leonard , et al, 1993). 
Drug dealing is a crisis to some and a survival to others (Epele, 2009). It all depends on how 
each group see the issue from his point of view. The benefit that goes to the poor Latin 
peasants and the drug cartels is undeniable (Redlich, 2005). The market in which drugs are 
sold welcomes more drug dealers and drug addicts. Drug producing and selling is growing 
(Justice Policy Institute, 2006). Hence, the war on drugs, according to present and future 
speculations, will not be won. 
 
Socialization of Islamic Women through Advertising in the Western World 
Because advertising realizes the role of males and females in the American society (Siu & 
Au, 1997), it emphasizes on the role of gender as perceived in the eyes of the targeted 
audience rather than show its real position in society. Since women have invaded the 
workforce in the U.S. and left their houses where they are supposed to be employed, there 
has been a cultural change (Rossi, 2008). The U.S. advertisements have concentrated on 
showing the weak sides of women in the workplace. Women have been depicted in images 
that don't show their real abilities (Yasue, 2004). 
Research projects proved that the 1990's advertising portrayal focused on four major themes: 

(1) Women are better homemakers than work employees. 
(2) Women are unable to do good business or be effective decision makers. 
(3) Women are important to men in all aspects of life. 
(4) Women are void inside and are only sex objects (Hall, Crum & Matthew, 1994). 

A noticeable change in the way women are portrayed is to be noted here. Some advertising 
campaigns today are trying to change the mistaken picture of women; being sex objects, and 
replacing it with new concepts of successful women in the workplace )Miller, 1992). On the 
other hand, advertisers of cigarettes and beer, who target men as their audience, still depict 
women as sex objects while those advertisers who target mixed audience (Angell & Kassirer, 
1994) use both men and women as sex objects for better appreciation of the adv (Roach-
Higgins, Ellen & Joanne, 1992). 
The great problem appears with the stereotyping of women as intended for sexual pleasure 
rather than real production in the workforce (Lauer & Jeanette, 1981). This offends 
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These poor peasants fear that if this war on drugs is won, they would die of hunger since 
drug traffic is the main source of money for them (Hisnanick, John, Erickson & Patricia, 
1993). Growing Coca is their profession and way to gain their financial income, there is no 
other way (Ackerman, 1987). One out of two solutions will be these poor peasants' way out 
if the war on drugs is won; either growing more coca (Drug Wars, 2008)into the jungle or 
joining the growing ranks of Columbia's largest insurgency. 
The drug war in America aims at reducing the demand on drugs whereas the drug war in 
Latin America aims at destroying that source which exports cocaine (War in drugs, 2009). 
Unfortunately, the wrong American audience of those who can not pay to avoid detection is 
targeted. The poor blacks and Latinos in the U.S (Grinspoon,, 1994) are easy targets. So far 
the drug war hasn't made its intended goal since the flow of drugs continues into the United 
States. 

 

It is true that ". . . U.S. taxpayers have provided nearly $290 billion for the war on drugs" 
(Youngers & Coletta, 1997, p.16) yet that brought nothing but more readily doses of cocaine 
and heroine at lower prices than ever before. 
The great difference between the drug war in both the U.S. and Latin America is that drugs 
are thought of as an illegal and prohibited action in the U.S (Gabriel & Race, 2002). Whereas, 
to the poor peasants of Latin America, nothing is wrong with growing a cash crop which 
provides income to them (Stokes & Noam, 2005). 
Armies of Latin America think that whoever has the upper hand wins the war (Inciardi, 
2007). In other words, since the will of the Latin Americans is greater than the will of those 
who launched this drug war, the drug war is a low intensity conflict. In this respect, the 
Latin Americans will win and continue growing (Hager & Paul, 1991) selling, and exporting 
their cash crops. 
Because the drug cartels have their connections with the corrupt employees who get paid to 
cover up for these drug dealers, they are protected (Frankel & Glenn, 1997). Meanwhile, the 
money with which they buy the poor peasants' cash crops help those poor survive and 
return doubles to the drug cartels (HandeIsman, Leonard , et al, 1993). 
Drug dealing is a crisis to some and a survival to others (Epele, 2009). It all depends on how 
each group see the issue from his point of view. The benefit that goes to the poor Latin 
peasants and the drug cartels is undeniable (Redlich, 2005). The market in which drugs are 
sold welcomes more drug dealers and drug addicts. Drug producing and selling is growing 
(Justice Policy Institute, 2006). Hence, the war on drugs, according to present and future 
speculations, will not be won. 
 
Socialization of Islamic Women through Advertising in the Western World 
Because advertising realizes the role of males and females in the American society (Siu & 
Au, 1997), it emphasizes on the role of gender as perceived in the eyes of the targeted 
audience rather than show its real position in society. Since women have invaded the 
workforce in the U.S. and left their houses where they are supposed to be employed, there 
has been a cultural change (Rossi, 2008). The U.S. advertisements have concentrated on 
showing the weak sides of women in the workplace. Women have been depicted in images 
that don't show their real abilities (Yasue, 2004). 
Research projects proved that the 1990's advertising portrayal focused on four major themes: 

(1) Women are better homemakers than work employees. 
(2) Women are unable to do good business or be effective decision makers. 
(3) Women are important to men in all aspects of life. 
(4) Women are void inside and are only sex objects (Hall, Crum & Matthew, 1994). 

A noticeable change in the way women are portrayed is to be noted here. Some advertising 
campaigns today are trying to change the mistaken picture of women; being sex objects, and 
replacing it with new concepts of successful women in the workplace )Miller, 1992). On the 
other hand, advertisers of cigarettes and beer, who target men as their audience, still depict 
women as sex objects while those advertisers who target mixed audience (Angell & Kassirer, 
1994) use both men and women as sex objects for better appreciation of the adv (Roach-
Higgins, Ellen & Joanne, 1992). 
The great problem appears with the stereotyping of women as intended for sexual pleasure 
rather than real production in the workforce (Lauer & Jeanette, 1981). This offends 
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successful business women and at the same time neglects the current cultural shifts 
(Schudson, 2007).  
Women and men who appear in beer commercials are not portrayed as scholars or 
politicians (Jaffe & Berger, 1994). In this sense, such commercials only show gender as one 
dimensioned and the well-educated audience are beginning to understand that. In alcohol 
commercials, women appear in cheap dress and situations that teenagers can't but link them 
to real life and so look in an inferior way upon women (Foster, 2001). 
For all these reasons, the American advertisers must put in mind the cultural changes which 
are taking place in the whole world (Grinspoon & Bakalar, 1995). Stereotyping genders is no 
longer acceptable since gender in the American society is always changing roles(Jaffe & 
Berger, 1994). It is only through coping with the gender situation that advertisements can 
appeal to the modern audience. 
Fashion also has its role in portraying women as sexually open through the erotic 
indications which are attached to clothes (Lindner, 2004). Women used fashion in freeing 
themselves from the chains which were imposed on them in a male-dominated world. 
Fashion is in fact one part of the cultural change encircling the world, dress is one of the 
means that distinguish identities.  
The west looks upon the veil as taking women back to the old ages as well as stealing their 
freedom in expressing themselves (Judd, 2008). The veil has become a differentiating aspect 
between women in the Middle East and those in the west. No one can deny the fact that 
there is an interchange of ideas between the Arab women who travel to America for 
scholarships and those American women who come to the Middle East (Debusmann, 2009). 
 
General View for Drugs Problems in the United Arab Emirates 
Because the UAE is a multinational country that connects the east and the west, and because 
of the openness of the media affecting all types of spectators, the United Arab Emirates is 
not safe from the drug plague. Drugs can easily fall into the hands of school children and 
teenagers as the UAE is geographically and culturally open to the west (Gulf News, 2002). 
For this reason, safety measures have been taken ensuring that the Muslim youngsters and 
youth are well-protected against drugs (The Emirates New Agency, 2002). "Bravery" is an 
awareness campaign launched by The Dubai Police Anti-Narcotics Department, in co-
ordination with Dubai Educational Zone, targeting the youngsters in order to increase 
knowledge of the disasters of drugs among them (Gulf News, 2002). In addition, the endless 
efforts and the absolute care dedicated by the Ministry of Media and Information, the 
Ministry of Health, and the Ministry of Interior are undeniable. 
At the same time, Dubai police is launching an educational media campaign to raise 
awareness of the possible crimes connected with drugs and narcotics. Some of the UAE 
teenagers have been reported to commit drug crimes. Lieutenant Colonel Ibrahim Al Dibl, 
director of the Education and Guidance Section, has stated that ". . . 8.16 percent of those 
who have been arrested for drug crimes are aged between 15-20 years" (Al Kaleej Times, 2002) 
Most people are unaware of the services the anti-drug section in the police department can 
offer. For this reason, an intensified information campaign has been launched to enlighten 
the public. The policemen fighting drugs are also included in a strategy that enhances their 
skills in combating drugs. Media also has a big role in defying this phenomenon of drug 
spread. 

 

June 26th is celebrated annually in the United Arab Emirates as the International Day 
against Drugs (Today’s News, 2005). The accuracy of the Ministry of Health in collecting 
factual data, analyzing these data, and then basing solutions is amazing (Today’s News, 
2004). These ordered steps help find the right solution for the problem in hand.  
 
Spiral of Silence Theory 
The theory of the Spiral of Silence was first introduced by Elisabeth Noelle-Neumann in 
1973. According to her theory, when people believe their view of the world or events has 
wide support, they speak out with confidence. Those who have different perceptions that 
are not widely supported are more likely to withdraw and remain quiet for fear of ridicule 
or rejection.  
As more people are encouraged either to express their views openly or to remain silent, one 
view becomes dominant, while the other disappears from public view entirely. Motivated 
by fear of isolation, the people who fall silent wish to at least appear to share the seemingly 
universal dominant view (Martin & Peters, 1999, p. 1) 
Spiral of Silence theory would certainly apply to smpkers society. However, criticism of 
certain elements of society could cause a person literally to disappear, and the Spiral of 
Silence is firmly implanted in that culture.  
Perhaps, then, because of the influence of a “spiral of silence,” (Noelle-Neumann, 1984) and 
because of real threats to personal safety, many criticism of powers that be were silenced, 
curtailed and subverted. The Arab audience was often passive, not believing in the 
legitimacy of the advertisments in media because of the function of the media, some 
advttisments are to exagrated and scary. Again, this silence is being broken, and a new 
public sphere is emerging—one that has strong elements of smoking advertsiments afects 
and rejections. Noelle-Neumann (1984) discussed the meaning of Spiral of Silence theory. 
She mentioned that media have different influences under certain circumstances, and this 
influence is limited. Therefore, a large gap can develop between representation in the media 
and the attitudes of the people. She wrote:   
public opinion is here defined as controversial opinions that one is able to express in public 
without becoming isolated…this applies to fields subject to changes, that is, fields of opinion 
that are in flux…public opinion is constituted by attitudes and modes of behavior one has to 
express in public if one does not want to become isolated.”. (Noelle-Neumann, 1973, p. 145) 
Again, the concept of what people do to conform to what is acceptable so that social 
isolation does not result is a powerful one in explaining the way people behave in the public 
sphere, and why many smokers may function mostly in a private sphere when expressing 
smoking affects and social opinion. 
What is a public sphere? As described by Habermas (2005), “it is social movements and 
groups using these media actively for social change” in different societies.   Soules (2001) 
wrote that the public sphere began to develop in the 1700s when people began to congregate 
and socialize in coffee houses, volunteer associations, literary societies and so forth. The 
success of the public sphere depends upon how much access there is for all people, the 
autonomy of citizens (to be free of coercion), the equality and a rejection of hierarchy, the 
rule of law and the quality of the participation of all citizens.  
No society have reached the ideal public sphere because there are always exclusions, to one 
degree or another, based on ethnicity, gender, class, religion, etc. In recent decades, 
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successful business women and at the same time neglects the current cultural shifts 
(Schudson, 2007).  
Women and men who appear in beer commercials are not portrayed as scholars or 
politicians (Jaffe & Berger, 1994). In this sense, such commercials only show gender as one 
dimensioned and the well-educated audience are beginning to understand that. In alcohol 
commercials, women appear in cheap dress and situations that teenagers can't but link them 
to real life and so look in an inferior way upon women (Foster, 2001). 
For all these reasons, the American advertisers must put in mind the cultural changes which 
are taking place in the whole world (Grinspoon & Bakalar, 1995). Stereotyping genders is no 
longer acceptable since gender in the American society is always changing roles(Jaffe & 
Berger, 1994). It is only through coping with the gender situation that advertisements can 
appeal to the modern audience. 
Fashion also has its role in portraying women as sexually open through the erotic 
indications which are attached to clothes (Lindner, 2004). Women used fashion in freeing 
themselves from the chains which were imposed on them in a male-dominated world. 
Fashion is in fact one part of the cultural change encircling the world, dress is one of the 
means that distinguish identities.  
The west looks upon the veil as taking women back to the old ages as well as stealing their 
freedom in expressing themselves (Judd, 2008). The veil has become a differentiating aspect 
between women in the Middle East and those in the west. No one can deny the fact that 
there is an interchange of ideas between the Arab women who travel to America for 
scholarships and those American women who come to the Middle East (Debusmann, 2009). 
 
General View for Drugs Problems in the United Arab Emirates 
Because the UAE is a multinational country that connects the east and the west, and because 
of the openness of the media affecting all types of spectators, the United Arab Emirates is 
not safe from the drug plague. Drugs can easily fall into the hands of school children and 
teenagers as the UAE is geographically and culturally open to the west (Gulf News, 2002). 
For this reason, safety measures have been taken ensuring that the Muslim youngsters and 
youth are well-protected against drugs (The Emirates New Agency, 2002). "Bravery" is an 
awareness campaign launched by The Dubai Police Anti-Narcotics Department, in co-
ordination with Dubai Educational Zone, targeting the youngsters in order to increase 
knowledge of the disasters of drugs among them (Gulf News, 2002). In addition, the endless 
efforts and the absolute care dedicated by the Ministry of Media and Information, the 
Ministry of Health, and the Ministry of Interior are undeniable. 
At the same time, Dubai police is launching an educational media campaign to raise 
awareness of the possible crimes connected with drugs and narcotics. Some of the UAE 
teenagers have been reported to commit drug crimes. Lieutenant Colonel Ibrahim Al Dibl, 
director of the Education and Guidance Section, has stated that ". . . 8.16 percent of those 
who have been arrested for drug crimes are aged between 15-20 years" (Al Kaleej Times, 2002) 
Most people are unaware of the services the anti-drug section in the police department can 
offer. For this reason, an intensified information campaign has been launched to enlighten 
the public. The policemen fighting drugs are also included in a strategy that enhances their 
skills in combating drugs. Media also has a big role in defying this phenomenon of drug 
spread. 

 

June 26th is celebrated annually in the United Arab Emirates as the International Day 
against Drugs (Today’s News, 2005). The accuracy of the Ministry of Health in collecting 
factual data, analyzing these data, and then basing solutions is amazing (Today’s News, 
2004). These ordered steps help find the right solution for the problem in hand.  
 
Spiral of Silence Theory 
The theory of the Spiral of Silence was first introduced by Elisabeth Noelle-Neumann in 
1973. According to her theory, when people believe their view of the world or events has 
wide support, they speak out with confidence. Those who have different perceptions that 
are not widely supported are more likely to withdraw and remain quiet for fear of ridicule 
or rejection.  
As more people are encouraged either to express their views openly or to remain silent, one 
view becomes dominant, while the other disappears from public view entirely. Motivated 
by fear of isolation, the people who fall silent wish to at least appear to share the seemingly 
universal dominant view (Martin & Peters, 1999, p. 1) 
Spiral of Silence theory would certainly apply to smpkers society. However, criticism of 
certain elements of society could cause a person literally to disappear, and the Spiral of 
Silence is firmly implanted in that culture.  
Perhaps, then, because of the influence of a “spiral of silence,” (Noelle-Neumann, 1984) and 
because of real threats to personal safety, many criticism of powers that be were silenced, 
curtailed and subverted. The Arab audience was often passive, not believing in the 
legitimacy of the advertisments in media because of the function of the media, some 
advttisments are to exagrated and scary. Again, this silence is being broken, and a new 
public sphere is emerging—one that has strong elements of smoking advertsiments afects 
and rejections. Noelle-Neumann (1984) discussed the meaning of Spiral of Silence theory. 
She mentioned that media have different influences under certain circumstances, and this 
influence is limited. Therefore, a large gap can develop between representation in the media 
and the attitudes of the people. She wrote:   
public opinion is here defined as controversial opinions that one is able to express in public 
without becoming isolated…this applies to fields subject to changes, that is, fields of opinion 
that are in flux…public opinion is constituted by attitudes and modes of behavior one has to 
express in public if one does not want to become isolated.”. (Noelle-Neumann, 1973, p. 145) 
Again, the concept of what people do to conform to what is acceptable so that social 
isolation does not result is a powerful one in explaining the way people behave in the public 
sphere, and why many smokers may function mostly in a private sphere when expressing 
smoking affects and social opinion. 
What is a public sphere? As described by Habermas (2005), “it is social movements and 
groups using these media actively for social change” in different societies.   Soules (2001) 
wrote that the public sphere began to develop in the 1700s when people began to congregate 
and socialize in coffee houses, volunteer associations, literary societies and so forth. The 
success of the public sphere depends upon how much access there is for all people, the 
autonomy of citizens (to be free of coercion), the equality and a rejection of hierarchy, the 
rule of law and the quality of the participation of all citizens.  
No society have reached the ideal public sphere because there are always exclusions, to one 
degree or another, based on ethnicity, gender, class, religion, etc. In recent decades, 
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successful business women and at the same time neglects the current cultural shifts 
(Schudson, 2007).  
Women and men who appear in beer commercials are not portrayed as scholars or 
politicians (Jaffe & Berger, 1994). In this sense, such commercials only show gender as one 
dimensioned and the well-educated audience are beginning to understand that. In alcohol 
commercials, women appear in cheap dress and situations that teenagers can't but link them 
to real life and so look in an inferior way upon women (Foster, 2001). 
For all these reasons, the American advertisers must put in mind the cultural changes which 
are taking place in the whole world (Grinspoon & Bakalar, 1995). Stereotyping genders is no 
longer acceptable since gender in the American society is always changing roles(Jaffe & 
Berger, 1994). It is only through coping with the gender situation that advertisements can 
appeal to the modern audience. 
Fashion also has its role in portraying women as sexually open through the erotic 
indications which are attached to clothes (Lindner, 2004). Women used fashion in freeing 
themselves from the chains which were imposed on them in a male-dominated world. 
Fashion is in fact one part of the cultural change encircling the world, dress is one of the 
means that distinguish identities.  
The west looks upon the veil as taking women back to the old ages as well as stealing their 
freedom in expressing themselves (Judd, 2008). The veil has become a differentiating aspect 
between women in the Middle East and those in the west. No one can deny the fact that 
there is an interchange of ideas between the Arab women who travel to America for 
scholarships and those American women who come to the Middle East (Debusmann, 2009). 
 
General View for Drugs Problems in the United Arab Emirates 
Because the UAE is a multinational country that connects the east and the west, and because 
of the openness of the media affecting all types of spectators, the United Arab Emirates is 
not safe from the drug plague. Drugs can easily fall into the hands of school children and 
teenagers as the UAE is geographically and culturally open to the west (Gulf News, 2002). 
For this reason, safety measures have been taken ensuring that the Muslim youngsters and 
youth are well-protected against drugs (The Emirates New Agency, 2002). "Bravery" is an 
awareness campaign launched by The Dubai Police Anti-Narcotics Department, in co-
ordination with Dubai Educational Zone, targeting the youngsters in order to increase 
knowledge of the disasters of drugs among them (Gulf News, 2002). In addition, the endless 
efforts and the absolute care dedicated by the Ministry of Media and Information, the 
Ministry of Health, and the Ministry of Interior are undeniable. 
At the same time, Dubai police is launching an educational media campaign to raise 
awareness of the possible crimes connected with drugs and narcotics. Some of the UAE 
teenagers have been reported to commit drug crimes. Lieutenant Colonel Ibrahim Al Dibl, 
director of the Education and Guidance Section, has stated that ". . . 8.16 percent of those 
who have been arrested for drug crimes are aged between 15-20 years" (Al Kaleej Times, 2002) 
Most people are unaware of the services the anti-drug section in the police department can 
offer. For this reason, an intensified information campaign has been launched to enlighten 
the public. The policemen fighting drugs are also included in a strategy that enhances their 
skills in combating drugs. Media also has a big role in defying this phenomenon of drug 
spread. 

 

June 26th is celebrated annually in the United Arab Emirates as the International Day 
against Drugs (Today’s News, 2005). The accuracy of the Ministry of Health in collecting 
factual data, analyzing these data, and then basing solutions is amazing (Today’s News, 
2004). These ordered steps help find the right solution for the problem in hand.  
 
Spiral of Silence Theory 
The theory of the Spiral of Silence was first introduced by Elisabeth Noelle-Neumann in 
1973. According to her theory, when people believe their view of the world or events has 
wide support, they speak out with confidence. Those who have different perceptions that 
are not widely supported are more likely to withdraw and remain quiet for fear of ridicule 
or rejection.  
As more people are encouraged either to express their views openly or to remain silent, one 
view becomes dominant, while the other disappears from public view entirely. Motivated 
by fear of isolation, the people who fall silent wish to at least appear to share the seemingly 
universal dominant view (Martin & Peters, 1999, p. 1) 
Spiral of Silence theory would certainly apply to smpkers society. However, criticism of 
certain elements of society could cause a person literally to disappear, and the Spiral of 
Silence is firmly implanted in that culture.  
Perhaps, then, because of the influence of a “spiral of silence,” (Noelle-Neumann, 1984) and 
because of real threats to personal safety, many criticism of powers that be were silenced, 
curtailed and subverted. The Arab audience was often passive, not believing in the 
legitimacy of the advertisments in media because of the function of the media, some 
advttisments are to exagrated and scary. Again, this silence is being broken, and a new 
public sphere is emerging—one that has strong elements of smoking advertsiments afects 
and rejections. Noelle-Neumann (1984) discussed the meaning of Spiral of Silence theory. 
She mentioned that media have different influences under certain circumstances, and this 
influence is limited. Therefore, a large gap can develop between representation in the media 
and the attitudes of the people. She wrote:   
public opinion is here defined as controversial opinions that one is able to express in public 
without becoming isolated…this applies to fields subject to changes, that is, fields of opinion 
that are in flux…public opinion is constituted by attitudes and modes of behavior one has to 
express in public if one does not want to become isolated.”. (Noelle-Neumann, 1973, p. 145) 
Again, the concept of what people do to conform to what is acceptable so that social 
isolation does not result is a powerful one in explaining the way people behave in the public 
sphere, and why many smokers may function mostly in a private sphere when expressing 
smoking affects and social opinion. 
What is a public sphere? As described by Habermas (2005), “it is social movements and 
groups using these media actively for social change” in different societies.   Soules (2001) 
wrote that the public sphere began to develop in the 1700s when people began to congregate 
and socialize in coffee houses, volunteer associations, literary societies and so forth. The 
success of the public sphere depends upon how much access there is for all people, the 
autonomy of citizens (to be free of coercion), the equality and a rejection of hierarchy, the 
rule of law and the quality of the participation of all citizens.  
No society have reached the ideal public sphere because there are always exclusions, to one 
degree or another, based on ethnicity, gender, class, religion, etc. In recent decades, 
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successful business women and at the same time neglects the current cultural shifts 
(Schudson, 2007).  
Women and men who appear in beer commercials are not portrayed as scholars or 
politicians (Jaffe & Berger, 1994). In this sense, such commercials only show gender as one 
dimensioned and the well-educated audience are beginning to understand that. In alcohol 
commercials, women appear in cheap dress and situations that teenagers can't but link them 
to real life and so look in an inferior way upon women (Foster, 2001). 
For all these reasons, the American advertisers must put in mind the cultural changes which 
are taking place in the whole world (Grinspoon & Bakalar, 1995). Stereotyping genders is no 
longer acceptable since gender in the American society is always changing roles(Jaffe & 
Berger, 1994). It is only through coping with the gender situation that advertisements can 
appeal to the modern audience. 
Fashion also has its role in portraying women as sexually open through the erotic 
indications which are attached to clothes (Lindner, 2004). Women used fashion in freeing 
themselves from the chains which were imposed on them in a male-dominated world. 
Fashion is in fact one part of the cultural change encircling the world, dress is one of the 
means that distinguish identities.  
The west looks upon the veil as taking women back to the old ages as well as stealing their 
freedom in expressing themselves (Judd, 2008). The veil has become a differentiating aspect 
between women in the Middle East and those in the west. No one can deny the fact that 
there is an interchange of ideas between the Arab women who travel to America for 
scholarships and those American women who come to the Middle East (Debusmann, 2009). 
 
General View for Drugs Problems in the United Arab Emirates 
Because the UAE is a multinational country that connects the east and the west, and because 
of the openness of the media affecting all types of spectators, the United Arab Emirates is 
not safe from the drug plague. Drugs can easily fall into the hands of school children and 
teenagers as the UAE is geographically and culturally open to the west (Gulf News, 2002). 
For this reason, safety measures have been taken ensuring that the Muslim youngsters and 
youth are well-protected against drugs (The Emirates New Agency, 2002). "Bravery" is an 
awareness campaign launched by The Dubai Police Anti-Narcotics Department, in co-
ordination with Dubai Educational Zone, targeting the youngsters in order to increase 
knowledge of the disasters of drugs among them (Gulf News, 2002). In addition, the endless 
efforts and the absolute care dedicated by the Ministry of Media and Information, the 
Ministry of Health, and the Ministry of Interior are undeniable. 
At the same time, Dubai police is launching an educational media campaign to raise 
awareness of the possible crimes connected with drugs and narcotics. Some of the UAE 
teenagers have been reported to commit drug crimes. Lieutenant Colonel Ibrahim Al Dibl, 
director of the Education and Guidance Section, has stated that ". . . 8.16 percent of those 
who have been arrested for drug crimes are aged between 15-20 years" (Al Kaleej Times, 2002) 
Most people are unaware of the services the anti-drug section in the police department can 
offer. For this reason, an intensified information campaign has been launched to enlighten 
the public. The policemen fighting drugs are also included in a strategy that enhances their 
skills in combating drugs. Media also has a big role in defying this phenomenon of drug 
spread. 

 

June 26th is celebrated annually in the United Arab Emirates as the International Day 
against Drugs (Today’s News, 2005). The accuracy of the Ministry of Health in collecting 
factual data, analyzing these data, and then basing solutions is amazing (Today’s News, 
2004). These ordered steps help find the right solution for the problem in hand.  
 
Spiral of Silence Theory 
The theory of the Spiral of Silence was first introduced by Elisabeth Noelle-Neumann in 
1973. According to her theory, when people believe their view of the world or events has 
wide support, they speak out with confidence. Those who have different perceptions that 
are not widely supported are more likely to withdraw and remain quiet for fear of ridicule 
or rejection.  
As more people are encouraged either to express their views openly or to remain silent, one 
view becomes dominant, while the other disappears from public view entirely. Motivated 
by fear of isolation, the people who fall silent wish to at least appear to share the seemingly 
universal dominant view (Martin & Peters, 1999, p. 1) 
Spiral of Silence theory would certainly apply to smpkers society. However, criticism of 
certain elements of society could cause a person literally to disappear, and the Spiral of 
Silence is firmly implanted in that culture.  
Perhaps, then, because of the influence of a “spiral of silence,” (Noelle-Neumann, 1984) and 
because of real threats to personal safety, many criticism of powers that be were silenced, 
curtailed and subverted. The Arab audience was often passive, not believing in the 
legitimacy of the advertisments in media because of the function of the media, some 
advttisments are to exagrated and scary. Again, this silence is being broken, and a new 
public sphere is emerging—one that has strong elements of smoking advertsiments afects 
and rejections. Noelle-Neumann (1984) discussed the meaning of Spiral of Silence theory. 
She mentioned that media have different influences under certain circumstances, and this 
influence is limited. Therefore, a large gap can develop between representation in the media 
and the attitudes of the people. She wrote:   
public opinion is here defined as controversial opinions that one is able to express in public 
without becoming isolated…this applies to fields subject to changes, that is, fields of opinion 
that are in flux…public opinion is constituted by attitudes and modes of behavior one has to 
express in public if one does not want to become isolated.”. (Noelle-Neumann, 1973, p. 145) 
Again, the concept of what people do to conform to what is acceptable so that social 
isolation does not result is a powerful one in explaining the way people behave in the public 
sphere, and why many smokers may function mostly in a private sphere when expressing 
smoking affects and social opinion. 
What is a public sphere? As described by Habermas (2005), “it is social movements and 
groups using these media actively for social change” in different societies.   Soules (2001) 
wrote that the public sphere began to develop in the 1700s when people began to congregate 
and socialize in coffee houses, volunteer associations, literary societies and so forth. The 
success of the public sphere depends upon how much access there is for all people, the 
autonomy of citizens (to be free of coercion), the equality and a rejection of hierarchy, the 
rule of law and the quality of the participation of all citizens.  
No society have reached the ideal public sphere because there are always exclusions, to one 
degree or another, based on ethnicity, gender, class, religion, etc. In recent decades, 
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Habermas (2005) argued that there were other factors that “deformed” (p. 1) the public 
sphere including the growth of culture industries and large private interests, among others. 
For example, large newspapers and news organizations that are mostly devoted to profits 
“turned the press into an agent of manipulation: It became the gate through which 
privileged private interests invaded the public sphere” (p. 1). In most societies, the illusion 
of the public sphere is maintained, but mostly to provide legitimacy to the decision of those 
in power. So, media experts have the power to deliver and choose specific smoking and 
advertysiments campaigs.  

 
3. METHOD 
 

To gather information about the impact of new technologies and smoking adverttsimenst 
hich delivered throght the media in the Middle East,  the researcher would use the 
structural interview method. The researcher chose the interview to investigate changes in 
behavior, attitudes, policies, and smokers response to media, public response to the new 
media campaigns and so forth. The researcher uses primarily interviews and personal 
media observation to try and collect as much information as possible about the current 
situation. By observation, the researcher means observing the primary new technologies and 
smoking advertisments, and using theories such as deception theory to try and analyze the 
content and presentational style. Interviews with primary participants will also be quite 
valuable.  
Unlike conversations in daily life, which are usually reciprocal exchanges, professional 
interviews involve an interviewer who is in charge of structuring and directing the 
questioning (Stake, 1998). While interviews for research purposes may also promote 
understanding and change, the emphasis is on intellectual understanding rather than on 
producing personal change (Lynch, 2006). Collecting data about impact of smoking adv and 
new technoloigies  required a research method. For this research the method is a qualitative 
method which is the interview. The aim of the interview method is to explore individual 
differences between participants' experiences and outcomes (Stake, 1998). The researcher 
interviewed two different types of groups from the USA and UAE.  
For the first part, the researcher interviewed a group of UAE residance smokers. Peolpe who 
are watching adv and new technologies and still smoking are the source of information in 
the first group. The researcher interviewed a total of 15 male participants, from different 
Arab countries. The countries were six Northern Arab, three Eastern Arab, two Middle 
Eastern Arab and four UAE nations. Eight participants hold doctoral degrees from Western 
schools, two participants hold masters degrees from Egypt, and five participants hold 
bachelor’s degrees of communication from different Arab schools. The participants are 
between the approximate ages of 30-55 years old.  
For the second part, the researcher interviewed American smokers who are living in the 
UAE. The researcher interviewed a total of 15 participants, eleven males and four females. 
Five participant holds a doctoral degree, and ten participants hold bachelor’s degree from 
different Western schools. The participants are between the approximate ages of 35-60 years 
old. Both group where interviewd face to face in their workpalce. The interview took from 
thirty to fourty five munites because there are many questions need specific details and 
data. Also, many questions lead to discussion and conversations with the interviewee. The 

 

researcher took detailed notes and gathered the data by using thematic analysis, which is 
the second research method. Because of the sources privacy codes were used in place of 
participant’s names. 
The data were collected and analyzed by dividing them into different themes. There are four 
themes for group one and five themes for the second group.  Under each them the answer of 
some particular question were collected. Using the open interview method, the interviewer 
has the flexibility to use interviewees’ knowledge, experts, and interpersonal skills to 
explore interesting or unexpected ideas or themes raised by participants during the 
interview. Some interview questions are similar in both groups like: Do you watch smoking 
adv? and why? What are the challenges that faced you to stop smoking? Do you think there 
are many differences and gabs between smoking adv and facts?. Choosing same questions 
for smokers from two countries is useful. There are themes that must include the similarities 
and differences of the two groups thought about different issues like the impact of smoking 
adv and campaigns. 
Content analysis is the second main method. The thematic analysis is the best method in this 
study because the second method is going to make a connection between the research 
questions and hypothesis. Also, the content analysis allows the researcher to divide the data 
in two parts. According to Zhang (2006), the content analysis provides more connections 
between the themes and data that come from the first new method. Quantitative content 
analysis is deductive, trying to test hypotheses or questions generated.  Zhang (2006) 
believed that the thematic analysis is  
From theories or previous researches, while qualitative content analysis is mainly inductive, 
grounded the examination and inference of topics and themes to raw data. In some cases, 
qualitative content analysis tempts to generate theory. (p.2) 
 Zhang (2006) valued the ability of the qualitative analysis to demonstrate the meaning of 
experience rather than what calculations might imply.  
 
Research Themes 
 

1- People learn smoking form their friends and media. 
All interviewee except one, who leaned smoking from his family,  agreed that they learned 
smoking from friends and advertisement and media. "I learned from my family" 
(Interviewee #1, group one,2009). US people leaned smoking too early “I started smoking 
when I was a teenager, I was in a high school and all friends smoke” (Interviewee #1, group 
two, 2009). Childhood impact any person’s live, because person saves images and 
behaviours in his - her mind. So, life experiences and leaving with different people from the 
same r other cultures can impact the person’s behaviour like the smoking habit in any 
society over the world (Interviewee # 15, group one, 2009). 
 
 
2- Smokers don’t believe of Smoking campaigns 
Few of the Arabic people didn't believe of the cigarette affects. All US interviewee belive of 
the cigraets bad afects. Most of Arab people belive of the bad affect but they are still 
smoking because of many reaseons: people smoke for fun, concern, energy and they took it 
as a habit which they cant get ride of and it makes them relax. "Yes, but there is no serious 
intention" (Interviewee # 4, group one, 2009). On the other hand US peole smokes beacsue 
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smoking from friends and advertisement and media. "I learned from my family" 
(Interviewee #1, group one,2009). US people leaned smoking too early “I started smoking 
when I was a teenager, I was in a high school and all friends smoke” (Interviewee #1, group 
two, 2009). Childhood impact any person’s live, because person saves images and 
behaviours in his - her mind. So, life experiences and leaving with different people from the 
same r other cultures can impact the person’s behaviour like the smoking habit in any 
society over the world (Interviewee # 15, group one, 2009). 
 
 
2- Smokers don’t believe of Smoking campaigns 
Few of the Arabic people didn't believe of the cigarette affects. All US interviewee belive of 
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they want to fill their free time, to relax , to relive the pressure, and they don’t even know 
why are they smoking. "I have stopped smoking about five times (every time I have been 
pregnant). Started again because of stress" (Interviewee # 2, group two, 2009). 
All Arab people tried to stop smoking because of the bad affect. I tried to stop smoking 
many times but I couldn’t because I always fail and back to smoke because it became a habit 
and all people around me smokes and no one even bother or try to stop me (Interviwee # 5, 
group one, 2009). Arab don’t care about media massages and ignore most tobacco’s 
campaigns in the UAE, “I am not afraid just rational " (Interviwee # 6, group one, 2009). 
People received many information from the media but they don’t care, they like smoking, I 
am one of them. (Interviwee # 6, group two, 2009). But some of US peole afraid because of 
the smoking illness and don’t believe the media. "No, cancer is scary , but I'm not ready to 
guit" (interviwee # 2, group two, 2009). Interviewee # 3 in group two (2009) agreed that  he 
knows the smoking  harms but he smokes and don’t care abut his self.  
 
3- Advertisements deliver unreal messages 
Many people in both groups don’t agreed that smoking advertisement delivers a real 
messages because it didn’t make people aware about what they are doing with their health.  
Different Interviewees in  both groups ignore the advertisements messages because its 
shows the smoker “as a great charming man and they fool people, at the end of the day the 
want to get our money and get the profit” (interviewee # 14, group one, 2009). Interviewee # 
11 in group one and Interviewee # 13 in group two agreed that they watch smoking 
advertisements only to fill their time. Also, they want to be updated. It comes “between 
movies when I watch T.V and I don’t choose to watch them” (Interviewee # 10, group two, 
2009). 
Interviewee # 8 in group one added “I Don’t watch smoking advertisements and I ignore 
them, I hate to waste my time…useless with the lag of facts…I don’t have a free time to 
watch them” (Interviewee # 15, group one, 2009). Also, some purpose of  advertisements 
trade and competition is depending on the brand of cigarette" (Interviewee # 8, group two, 
2009). So, people who don’t smoke will learn the smoking behaviour from media messages.  
On the other hand few interviewees agreed about the positive role of adv and smoking 
campaigns. It helps smokers to reconsider about being a smoker (interviewee # 12, group 
two, 2009). Interviewee # 4, group one believes of advertisements messages he said "Of 
course! Because It is designed to do go!". Smoking is ugly , not glamorous like what people 
watch in media. "It makes you smell bad , makes your breath stink , your teeth yellow , and 
can kill you" (interviewee # 2, group two, 2009).  Some advertisements are funny and gives 
real messages (Interviewee # 5, group two, 2009). 
So, most of the intweviwees didn’t think smoking advertisements deliver realistic Messages 
because they think that most of these advertisings haven't goals and they see it as lead them 
to smoking. And few interviewees think that smoking advertisements deliver  realistic 
messages because they think  it use the fact from the life and it is advice them and effect.  
 
4- Media Can Impact smokers Behavior 
Most of Arabic interviewees  think media can impact their behavior because it attract them 
and make them afraid from diseases like cancer. Also it advice and include effective 
information about stop smoking (Interviewee # 5, group two, 2009). stories and 

 

advertisments‘ images are realy strong specially when it includes sounds and animations 
(Iinterviewee # 12, group two, 2009). 
All US people belive of the harm smoking diseses like cancer, hurt diseases, and lung 
diseases. All of them know those diseases from their doctors, friends, experinces and media. 
But when media use exaggerate information, it will not make any affective results, people 
will contenue smoking an they know the facts about smoking disease (Interviwee # 13, 
group two, 2009). 
 
5- Media must use useful information 
Print, Visual, Audio, Electronic media are the key point of any issue in any society. Peole 
recieve hundred masseges every day but smoking crise is one of the most important topics 
that must be in teh top of any media ageda (interviwee # 9, group two, 2009). Interviwee # 1, 
group one, 2009, added that Media experts can collect real data and researches about 
smoking in the same country. They must present the locl information first then the golbal 
statistical information. But what is presented in the media about smoking is general 
information, that is why many smokers don’t care about smoking diseases (Interviewee # 3, 
group one, 2009). Also, useful and simple information must be delived throght the media. 
Currantly, the people use new and high technolohgies to prevent and stop smoking. Using 
the right time must be considered throght the media, for example presenting a smoking 
campaigns at night, will not affect peole , specially employees who sheep too early. In 
addition, using  brochurse and doctors announcements is another key to stop smoking, but 
they must be reached by the targeted auduances (interviwee # 15, group two, 2009). Useing 
computers and electronic advertisments "would reach people faster than printed materials" 
(interviwee # 13, group one, 2009). Interviwee # 1 n group one said "No ,we are all in control 
of our own behavior... If one chooses to be influenced by media , it is still the choice of the 
individual to be influenced". Intwerviwee # 5 and interviwee # 10 in group two belive that 
media can change people's habits and characters by using affective information and 
disterbuting excellent articles.  They added that media is a mirror which reflects the out side 
world,  media can affect life style, but not really affect culture, media can increase awareness 
campaign.  

 
4. Conclusion 
 

The researcher found that both groups, Arab and US people, ignored the adv campaigns 
and affected by smoking adv. Americans and Emeriti are aware about the tobacco’s disease 
but they are still smoking because of stress in their work, nervous, depression…etc. When 
applying the research theory, the research found that Spiral of Silence theory is related to 
Arab and US peole reaction. They prefer to be silince when they know the fact about 
smoking desises.  For example, most of the first group, Arab intervwiee agreed that there is 
a desire for stop smoking but they do not have ositive react (Interviwee # 3m group two, 
2009). According to Noelle-Neumann (1984), when people believe their view of the world or 
events has wide support, they speak out with confidence. But if there is exagereated 
information and  unrealastic somking and campaigns topics, people withdraw their speech. 
Most of the participants believed that they receive unrealstic information and they prefer to 
ignore most of them (Interviwee # 7, group two, 2009). Many researchers write about the 
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they want to fill their free time, to relax , to relive the pressure, and they don’t even know 
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pregnant). Started again because of stress" (Interviewee # 2, group two, 2009). 
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many times but I couldn’t because I always fail and back to smoke because it became a habit 
and all people around me smokes and no one even bother or try to stop me (Interviwee # 5, 
group one, 2009). Arab don’t care about media massages and ignore most tobacco’s 
campaigns in the UAE, “I am not afraid just rational " (Interviwee # 6, group one, 2009). 
People received many information from the media but they don’t care, they like smoking, I 
am one of them. (Interviwee # 6, group two, 2009). But some of US peole afraid because of 
the smoking illness and don’t believe the media. "No, cancer is scary , but I'm not ready to 
guit" (interviwee # 2, group two, 2009). Interviewee # 3 in group two (2009) agreed that  he 
knows the smoking  harms but he smokes and don’t care abut his self.  
 
3- Advertisements deliver unreal messages 
Many people in both groups don’t agreed that smoking advertisement delivers a real 
messages because it didn’t make people aware about what they are doing with their health.  
Different Interviewees in  both groups ignore the advertisements messages because its 
shows the smoker “as a great charming man and they fool people, at the end of the day the 
want to get our money and get the profit” (interviewee # 14, group one, 2009). Interviewee # 
11 in group one and Interviewee # 13 in group two agreed that they watch smoking 
advertisements only to fill their time. Also, they want to be updated. It comes “between 
movies when I watch T.V and I don’t choose to watch them” (Interviewee # 10, group two, 
2009). 
Interviewee # 8 in group one added “I Don’t watch smoking advertisements and I ignore 
them, I hate to waste my time…useless with the lag of facts…I don’t have a free time to 
watch them” (Interviewee # 15, group one, 2009). Also, some purpose of  advertisements 
trade and competition is depending on the brand of cigarette" (Interviewee # 8, group two, 
2009). So, people who don’t smoke will learn the smoking behaviour from media messages.  
On the other hand few interviewees agreed about the positive role of adv and smoking 
campaigns. It helps smokers to reconsider about being a smoker (interviewee # 12, group 
two, 2009). Interviewee # 4, group one believes of advertisements messages he said "Of 
course! Because It is designed to do go!". Smoking is ugly , not glamorous like what people 
watch in media. "It makes you smell bad , makes your breath stink , your teeth yellow , and 
can kill you" (interviewee # 2, group two, 2009).  Some advertisements are funny and gives 
real messages (Interviewee # 5, group two, 2009). 
So, most of the intweviwees didn’t think smoking advertisements deliver realistic Messages 
because they think that most of these advertisings haven't goals and they see it as lead them 
to smoking. And few interviewees think that smoking advertisements deliver  realistic 
messages because they think  it use the fact from the life and it is advice them and effect.  
 
4- Media Can Impact smokers Behavior 
Most of Arabic interviewees  think media can impact their behavior because it attract them 
and make them afraid from diseases like cancer. Also it advice and include effective 
information about stop smoking (Interviewee # 5, group two, 2009). stories and 

 

advertisments‘ images are realy strong specially when it includes sounds and animations 
(Iinterviewee # 12, group two, 2009). 
All US people belive of the harm smoking diseses like cancer, hurt diseases, and lung 
diseases. All of them know those diseases from their doctors, friends, experinces and media. 
But when media use exaggerate information, it will not make any affective results, people 
will contenue smoking an they know the facts about smoking disease (Interviwee # 13, 
group two, 2009). 
 
5- Media must use useful information 
Print, Visual, Audio, Electronic media are the key point of any issue in any society. Peole 
recieve hundred masseges every day but smoking crise is one of the most important topics 
that must be in teh top of any media ageda (interviwee # 9, group two, 2009). Interviwee # 1, 
group one, 2009, added that Media experts can collect real data and researches about 
smoking in the same country. They must present the locl information first then the golbal 
statistical information. But what is presented in the media about smoking is general 
information, that is why many smokers don’t care about smoking diseases (Interviewee # 3, 
group one, 2009). Also, useful and simple information must be delived throght the media. 
Currantly, the people use new and high technolohgies to prevent and stop smoking. Using 
the right time must be considered throght the media, for example presenting a smoking 
campaigns at night, will not affect peole , specially employees who sheep too early. In 
addition, using  brochurse and doctors announcements is another key to stop smoking, but 
they must be reached by the targeted auduances (interviwee # 15, group two, 2009). Useing 
computers and electronic advertisments "would reach people faster than printed materials" 
(interviwee # 13, group one, 2009). Interviwee # 1 n group one said "No ,we are all in control 
of our own behavior... If one chooses to be influenced by media , it is still the choice of the 
individual to be influenced". Intwerviwee # 5 and interviwee # 10 in group two belive that 
media can change people's habits and characters by using affective information and 
disterbuting excellent articles.  They added that media is a mirror which reflects the out side 
world,  media can affect life style, but not really affect culture, media can increase awareness 
campaign.  

 
4. Conclusion 
 

The researcher found that both groups, Arab and US people, ignored the adv campaigns 
and affected by smoking adv. Americans and Emeriti are aware about the tobacco’s disease 
but they are still smoking because of stress in their work, nervous, depression…etc. When 
applying the research theory, the research found that Spiral of Silence theory is related to 
Arab and US peole reaction. They prefer to be silince when they know the fact about 
smoking desises.  For example, most of the first group, Arab intervwiee agreed that there is 
a desire for stop smoking but they do not have ositive react (Interviwee # 3m group two, 
2009). According to Noelle-Neumann (1984), when people believe their view of the world or 
events has wide support, they speak out with confidence. But if there is exagereated 
information and  unrealastic somking and campaigns topics, people withdraw their speech. 
Most of the participants believed that they receive unrealstic information and they prefer to 
ignore most of them (Interviwee # 7, group two, 2009). Many researchers write about the 
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why are they smoking. "I have stopped smoking about five times (every time I have been 
pregnant). Started again because of stress" (Interviewee # 2, group two, 2009). 
All Arab people tried to stop smoking because of the bad affect. I tried to stop smoking 
many times but I couldn’t because I always fail and back to smoke because it became a habit 
and all people around me smokes and no one even bother or try to stop me (Interviwee # 5, 
group one, 2009). Arab don’t care about media massages and ignore most tobacco’s 
campaigns in the UAE, “I am not afraid just rational " (Interviwee # 6, group one, 2009). 
People received many information from the media but they don’t care, they like smoking, I 
am one of them. (Interviwee # 6, group two, 2009). But some of US peole afraid because of 
the smoking illness and don’t believe the media. "No, cancer is scary , but I'm not ready to 
guit" (interviwee # 2, group two, 2009). Interviewee # 3 in group two (2009) agreed that  he 
knows the smoking  harms but he smokes and don’t care abut his self.  
 
3- Advertisements deliver unreal messages 
Many people in both groups don’t agreed that smoking advertisement delivers a real 
messages because it didn’t make people aware about what they are doing with their health.  
Different Interviewees in  both groups ignore the advertisements messages because its 
shows the smoker “as a great charming man and they fool people, at the end of the day the 
want to get our money and get the profit” (interviewee # 14, group one, 2009). Interviewee # 
11 in group one and Interviewee # 13 in group two agreed that they watch smoking 
advertisements only to fill their time. Also, they want to be updated. It comes “between 
movies when I watch T.V and I don’t choose to watch them” (Interviewee # 10, group two, 
2009). 
Interviewee # 8 in group one added “I Don’t watch smoking advertisements and I ignore 
them, I hate to waste my time…useless with the lag of facts…I don’t have a free time to 
watch them” (Interviewee # 15, group one, 2009). Also, some purpose of  advertisements 
trade and competition is depending on the brand of cigarette" (Interviewee # 8, group two, 
2009). So, people who don’t smoke will learn the smoking behaviour from media messages.  
On the other hand few interviewees agreed about the positive role of adv and smoking 
campaigns. It helps smokers to reconsider about being a smoker (interviewee # 12, group 
two, 2009). Interviewee # 4, group one believes of advertisements messages he said "Of 
course! Because It is designed to do go!". Smoking is ugly , not glamorous like what people 
watch in media. "It makes you smell bad , makes your breath stink , your teeth yellow , and 
can kill you" (interviewee # 2, group two, 2009).  Some advertisements are funny and gives 
real messages (Interviewee # 5, group two, 2009). 
So, most of the intweviwees didn’t think smoking advertisements deliver realistic Messages 
because they think that most of these advertisings haven't goals and they see it as lead them 
to smoking. And few interviewees think that smoking advertisements deliver  realistic 
messages because they think  it use the fact from the life and it is advice them and effect.  
 
4- Media Can Impact smokers Behavior 
Most of Arabic interviewees  think media can impact their behavior because it attract them 
and make them afraid from diseases like cancer. Also it advice and include effective 
information about stop smoking (Interviewee # 5, group two, 2009). stories and 

 

advertisments‘ images are realy strong specially when it includes sounds and animations 
(Iinterviewee # 12, group two, 2009). 
All US people belive of the harm smoking diseses like cancer, hurt diseases, and lung 
diseases. All of them know those diseases from their doctors, friends, experinces and media. 
But when media use exaggerate information, it will not make any affective results, people 
will contenue smoking an they know the facts about smoking disease (Interviwee # 13, 
group two, 2009). 
 
5- Media must use useful information 
Print, Visual, Audio, Electronic media are the key point of any issue in any society. Peole 
recieve hundred masseges every day but smoking crise is one of the most important topics 
that must be in teh top of any media ageda (interviwee # 9, group two, 2009). Interviwee # 1, 
group one, 2009, added that Media experts can collect real data and researches about 
smoking in the same country. They must present the locl information first then the golbal 
statistical information. But what is presented in the media about smoking is general 
information, that is why many smokers don’t care about smoking diseases (Interviewee # 3, 
group one, 2009). Also, useful and simple information must be delived throght the media. 
Currantly, the people use new and high technolohgies to prevent and stop smoking. Using 
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All Arab people tried to stop smoking because of the bad affect. I tried to stop smoking 
many times but I couldn’t because I always fail and back to smoke because it became a habit 
and all people around me smokes and no one even bother or try to stop me (Interviwee # 5, 
group one, 2009). Arab don’t care about media massages and ignore most tobacco’s 
campaigns in the UAE, “I am not afraid just rational " (Interviwee # 6, group one, 2009). 
People received many information from the media but they don’t care, they like smoking, I 
am one of them. (Interviwee # 6, group two, 2009). But some of US peole afraid because of 
the smoking illness and don’t believe the media. "No, cancer is scary , but I'm not ready to 
guit" (interviwee # 2, group two, 2009). Interviewee # 3 in group two (2009) agreed that  he 
knows the smoking  harms but he smokes and don’t care abut his self.  
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messages because it didn’t make people aware about what they are doing with their health.  
Different Interviewees in  both groups ignore the advertisements messages because its 
shows the smoker “as a great charming man and they fool people, at the end of the day the 
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advertisements only to fill their time. Also, they want to be updated. It comes “between 
movies when I watch T.V and I don’t choose to watch them” (Interviewee # 10, group two, 
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Interviewee # 8 in group one added “I Don’t watch smoking advertisements and I ignore 
them, I hate to waste my time…useless with the lag of facts…I don’t have a free time to 
watch them” (Interviewee # 15, group one, 2009). Also, some purpose of  advertisements 
trade and competition is depending on the brand of cigarette" (Interviewee # 8, group two, 
2009). So, people who don’t smoke will learn the smoking behaviour from media messages.  
On the other hand few interviewees agreed about the positive role of adv and smoking 
campaigns. It helps smokers to reconsider about being a smoker (interviewee # 12, group 
two, 2009). Interviewee # 4, group one believes of advertisements messages he said "Of 
course! Because It is designed to do go!". Smoking is ugly , not glamorous like what people 
watch in media. "It makes you smell bad , makes your breath stink , your teeth yellow , and 
can kill you" (interviewee # 2, group two, 2009).  Some advertisements are funny and gives 
real messages (Interviewee # 5, group two, 2009). 
So, most of the intweviwees didn’t think smoking advertisements deliver realistic Messages 
because they think that most of these advertisings haven't goals and they see it as lead them 
to smoking. And few interviewees think that smoking advertisements deliver  realistic 
messages because they think  it use the fact from the life and it is advice them and effect.  
 
4- Media Can Impact smokers Behavior 
Most of Arabic interviewees  think media can impact their behavior because it attract them 
and make them afraid from diseases like cancer. Also it advice and include effective 
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advertisments‘ images are realy strong specially when it includes sounds and animations 
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All US people belive of the harm smoking diseses like cancer, hurt diseases, and lung 
diseases. All of them know those diseases from their doctors, friends, experinces and media. 
But when media use exaggerate information, it will not make any affective results, people 
will contenue smoking an they know the facts about smoking disease (Interviwee # 13, 
group two, 2009). 
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Print, Visual, Audio, Electronic media are the key point of any issue in any society. Peole 
recieve hundred masseges every day but smoking crise is one of the most important topics 
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group one, 2009, added that Media experts can collect real data and researches about 
smoking in the same country. They must present the locl information first then the golbal 
statistical information. But what is presented in the media about smoking is general 
information, that is why many smokers don’t care about smoking diseases (Interviewee # 3, 
group one, 2009). Also, useful and simple information must be delived throght the media. 
Currantly, the people use new and high technolohgies to prevent and stop smoking. Using 
the right time must be considered throght the media, for example presenting a smoking 
campaigns at night, will not affect peole , specially employees who sheep too early. In 
addition, using  brochurse and doctors announcements is another key to stop smoking, but 
they must be reached by the targeted auduances (interviwee # 15, group two, 2009). Useing 
computers and electronic advertisments "would reach people faster than printed materials" 
(interviwee # 13, group one, 2009). Interviwee # 1 n group one said "No ,we are all in control 
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world,  media can affect life style, but not really affect culture, media can increase awareness 
campaign.  

 
4. Conclusion 
 

The researcher found that both groups, Arab and US people, ignored the adv campaigns 
and affected by smoking adv. Americans and Emeriti are aware about the tobacco’s disease 
but they are still smoking because of stress in their work, nervous, depression…etc. When 
applying the research theory, the research found that Spiral of Silence theory is related to 
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adv impact but they don’t solve the problem, so future researcher must focus on solutions 
more than impacts.   
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1. Introduction 
 

Along with the progress of our information society, various risks have become increasingly 
common, resulting in multiple social problems. To deal with these social problems, 
opposing factors such as security, privacy, convenience, and cost have to be considered. For 
this reason, risk communications that aim at establishing consensus among stakeholders 
who have different priorities have become important. Moreover, when considering 
measures against risk, it is essential to consider an optimal combination of measures because 
one single measure is not sufficient to solve a particular problem. 
However, it is not always easy for decision makers to agree on an optimal combination of 
measures that reduce some risks due to considerations relating to other risks. To alleviate 
this difficulty, we previously proposed the “Multiple Risk Communicator” (MRC), which 
supports risk analysis and risk communication in our information society (Sasaki et al., 
2005), and developed the “MRC Program” (Sasaki et al., 2008).  
In this chapter, we first describe the concept and an application process of MRC. We then 
describe the result of applying MRC to the problem of personal information leakage. On 
several occasions in recent years, a number of organizations such as businesses and schools 
have accidentally leaked personal information, and such leakages have become a social 
problem in Japan. According to a report published by the Japan Network Security 
Association, 864 incidents occurred in fiscal year 2007. If an organization leaks personal 
information, it loses the trust of the people. This sequence of events can potentially lead to a 
decreased number of customers and decreased stock price.  
Many organizations have taken measures to avoid this problem. These measures, however, 
can lead to further problems. For example, employees in one enterprise may be dissatisfied 
with the decreased convenience and privacy resulting from applying strict measures, while 
the customers whose personal information is maintained by the enterprise require strong 
reassurances that their personal information will not be leaked. Moreover, the executive 
officer in the enterprise would like to keep costs as low as possible. 
Given the above information, it is easy to understand the difficulties in applying measures 
that establish consensus among these stakeholders. Therefore, we decided to apply MRC to 
the personal information leakage problem. A practical application process of MRC is 
described in detail and the evaluation of MRC is discussed in this chapter. 
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this difficulty, we previously proposed the “Multiple Risk Communicator” (MRC), which 
supports risk analysis and risk communication in our information society (Sasaki et al., 
2005), and developed the “MRC Program” (Sasaki et al., 2008).  
In this chapter, we first describe the concept and an application process of MRC. We then 
describe the result of applying MRC to the problem of personal information leakage. On 
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have accidentally leaked personal information, and such leakages have become a social 
problem in Japan. According to a report published by the Japan Network Security 
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information, it loses the trust of the people. This sequence of events can potentially lead to a 
decreased number of customers and decreased stock price.  
Many organizations have taken measures to avoid this problem. These measures, however, 
can lead to further problems. For example, employees in one enterprise may be dissatisfied 
with the decreased convenience and privacy resulting from applying strict measures, while 
the customers whose personal information is maintained by the enterprise require strong 
reassurances that their personal information will not be leaked. Moreover, the executive 
officer in the enterprise would like to keep costs as low as possible. 
Given the above information, it is easy to understand the difficulties in applying measures 
that establish consensus among these stakeholders. Therefore, we decided to apply MRC to 
the personal information leakage problem. A practical application process of MRC is 
described in detail and the evaluation of MRC is discussed in this chapter. 
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In addition, we propose some training methods that allow MRC to be used by many users. 
MRC was applied to personal information leakage, illegal copying, and internal control, and 
the effectiveness of MRC was verified. “MRC Program” has been designed to be used by 
anybody through the Internet, although “Mathematica 5.2” has to be installed on the user’s 
computer. However, it is hard for the users to learn what the MRC is and to use “MRC 
Program”. Therefore, we proposed training methods that allowed a beginner to easily 
understand the concept and application process of MRC and then learn to use “MRC 
Program” because we would like to disseminate MRC and improve MRC and “MRC 
Program” by collecting users’ opinions. These training sessions were performed for three 
different subject groups and the results revealed a new use and improvements to the MRC. 
The MRC education methods and the results are described in this chapter. 

 
2. Overview of MRC 
 

2.1 Concept and System Structure of MRC 
The MRC concept was examined and the “MRC Program” version 1.0 was developed in a 
previous study (Sasaki et al., 2005, 2008). MRC was applied to social problems such as illegal 
copying, internal control, and compromising of public key ciphers. The objective of MRC is 
to reduce risk with consideration of the following. 
Requirement 1: There are various conflicting risks, and the measures to reduce one or more 
risk must take all risks into consideration.  
Requirement 2: Various measures are required for individual risks. Thus, resolving every 
problem with one measure is not possible, and features for determining the most 
appropriate combination of measures are essential. 
Requirement 3: For decision-making, the individuals involved (e.g., managers, citizens, 
customers, and employees) must be satisfied. Therefore, features for supporting risk 
communications among these individuals are essential. 
Few studies of risk analysis satisfying all the above requirements have been conducted. For 
example, the Japanese Standards Association published “Information technology -- 
Guidelines for the Management of IT Security -- Part 3: Techniques for the Management of 
IT Security,” which classifies the methodologies of risk analysis into four categories. 
Additionally, Bruce Schneier, who is an internationally renowned security technologist and 
author, describes the methodologies of risk analysis in his book “Beyond Fear.” However, 
these methodologies are not sufficient to satisfy all the above requirements. Because of this, 
we decided to establish a methodology of risk analysis that satisfies all the requirements. 
An overview of the MRC program for satisfying these requirements is shown in Figure 1. 
The basic feature satisfying Requirement 1 and Requirement 2 is the Optimization Engine, 
which is (4) in Figure 1. In the optimization engine, a brute force method and lexicographic 
enumeration method are used to obtain the solution (Garfinkel et al., 1972). In particular, a 
discrete optimization problem with various measures proposed as 0-1 variables (or a 0-1 
programming problem) is used. To formulate the discrete optimization problem easily, the 
Assistant Tool for Specialists (6) contains the functions of analysis, formulation and 
parameter setting. In addition, the fault tree analysis (FTA) method for the risk analysis 
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2.2 MRC Application Process 
The MRC application process is shown in Figure 2. First, the individual, such as a decision 
maker who needs to solve a problem, proposes the object an MRC expert who is able to use 
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In addition, we propose some training methods that allow MRC to be used by many users. 
MRC was applied to personal information leakage, illegal copying, and internal control, and 
the effectiveness of MRC was verified. “MRC Program” has been designed to be used by 
anybody through the Internet, although “Mathematica 5.2” has to be installed on the user’s 
computer. However, it is hard for the users to learn what the MRC is and to use “MRC 
Program”. Therefore, we proposed training methods that allowed a beginner to easily 
understand the concept and application process of MRC and then learn to use “MRC 
Program” because we would like to disseminate MRC and improve MRC and “MRC 
Program” by collecting users’ opinions. These training sessions were performed for three 
different subject groups and the results revealed a new use and improvements to the MRC. 
The MRC education methods and the results are described in this chapter. 
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copying, internal control, and compromising of public key ciphers. The objective of MRC is 
to reduce risk with consideration of the following. 
Requirement 1: There are various conflicting risks, and the measures to reduce one or more 
risk must take all risks into consideration.  
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example, the Japanese Standards Association published “Information technology -- 
Guidelines for the Management of IT Security -- Part 3: Techniques for the Management of 
IT Security,” which classifies the methodologies of risk analysis into four categories. 
Additionally, Bruce Schneier, who is an internationally renowned security technologist and 
author, describes the methodologies of risk analysis in his book “Beyond Fear.” However, 
these methodologies are not sufficient to satisfy all the above requirements. Because of this, 
we decided to establish a methodology of risk analysis that satisfies all the requirements. 
An overview of the MRC program for satisfying these requirements is shown in Figure 1. 
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2.2 MRC Application Process 
The MRC application process is shown in Figure 2. First, the individual, such as a decision 
maker who needs to solve a problem, proposes the object an MRC expert who is able to use 
the MRC program. Second, the MRC expert analyzes the risk (Steps 1-7 in Figure 2). If the 
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with the assistance of an expert who does have a thorough knowledge of the risk. Third, the 
MRC expert inputs the risk analysis data into the MRC program (Step 8 in Figure 2). In the 
fourth step, the MRC expert inputs the values of the constraints, which is decided among 
the participants, into the MRC program (Step 9 in Figure 2). Fifth, the optimal combination 
of measures is obtained by the optimization engine of the MRC program (Step 10 in Figure 
2). Sixth, the MRC expert shows the result obtained by the MRC program to the participants, 
and the participants conduct risk communication in order to build a consensus of measures 
(Step 11 in Figure 2). The role of the facilitator is to manage the discussion and lead the 
discussion to a consensus. 
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3. Application of MRC to the Personal Information Leakage Problem 
 

3.1 Personal Information Leakage Problem 
On several occasions in recent years, a number of organizations such as businesses and 
schools have accidentally leaked personal information, and such leakages have become a 
social problem in Japan. According to a report published by the Japan Network Security 
Association, 864 incidents occurred in fiscal year 2007. If an organization leaks personal 
information, it loses the trust of the people. This sequence of events can potentially lead to a 
decreased number of customers and decreased stock prices.  
For this reason, many organizations have taken measures to prevent such problems. Such 
measures, however, can lead to further problems. For example, employees in one enterprise 
may be dissatisfied with the decreased convenience and privacy caused by applying strict 
measures, while customers whose information is maintained require strong reassurances 
that their personal information will not be leaked.. Moreover, the executive officer in the 
enterprise would like to keep costs as low as possible. 
Given the above information, it is easy to understand the difficulties in applying measures 
that establish consensus among these stakeholders. Therefore, we decided to apply MRC to 
the personal information leakage problem.  

 
3.2 History of MRC 
The history of MRC research is described in Table 1. In the first stage, MRC was applied to 
the information leakage problem of an Internet service provider. At that time, the MRC 
program was not completed and a prototype version was used. Once MRC version 1.0 was 
completed, the program was applied to the information leakage problem in a simulation of 

 

an enterprise (Taniyama et al., 2008). In addition, MRC program version 1.0 was applied to 
the information leakage problem in an elementary school and junior high school. At that 
time, actual participants were involved in the risk analysis and risk communication steps. 
The result of applying MRC to the information leakage problem in the enterprise is 
described in this section. 
 

 Object Participants MRC program 
1 Internet service provider Role players Prototype 
2 Enterprise Role players MRC program Ver. 1.0 

3 Elementary school and 
 junior high school 

Actual 
participants MRC program Ver. 1.0 

Table 1. MRC history 

 
3.3 Application of MRC to the Information Leakage Problem 
 

3.3.1 Attributes of the Enterprise 
Following the Preparation Process shown in Figure 2, we consider a simulated enterprise 
whose sales department handles ten million pieces of personal information. The number of 
employees is approximately 1,820. Only 20 of these employees were allowed into the server 
room. However, the employees who were not allowed into the server room could obtain the 
minimal amount of personal information deemed necessary to perform their duties from the 
server if they obtained permission from their managers. 

 
3.3.2 Analyzing the Object 
We conducted the following actions to analyze the information leakage problem. 
(1) Using the Internet, past incidents of information leakage were investigated. 
(2) A report published by the Japan Network Security Association, which mentions the 
routes of information leakage, number of incidents, and other related information was 
studied 
(3) Employees of the enterprise were asked their opinions on how customer information 
should be handled and which measures they were dissatisfied with. 

 
3.3.3 Deciding the Participants 
The following participants were selected. 
(1) Enterprise chief executive officer 
(2) Enterprise employees 
(3) Customer whose personal information was maintained by the enterprise. 

 
3.3.4 Decision of the Objective Function and Constraint Functions 
The objective function decides the optimal combination of measures. Formulation of the 
objective function is described as follows. 
Min {Total risk of information leakage + Total cost of measures} 
where,  
Total risk of information leakage = Value of one piece of personal information x the number  
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whose sales department handles ten million pieces of personal information. The number of 
employees is approximately 1,820. Only 20 of these employees were allowed into the server 
room. However, the employees who were not allowed into the server room could obtain the 
minimal amount of personal information deemed necessary to perform their duties from the 
server if they obtained permission from their managers. 

 
3.3.2 Analyzing the Object 
We conducted the following actions to analyze the information leakage problem. 
(1) Using the Internet, past incidents of information leakage were investigated. 
(2) A report published by the Japan Network Security Association, which mentions the 
routes of information leakage, number of incidents, and other related information was 
studied 
(3) Employees of the enterprise were asked their opinions on how customer information 
should be handled and which measures they were dissatisfied with. 

 
3.3.3 Deciding the Participants 
The following participants were selected. 
(1) Enterprise chief executive officer 
(2) Enterprise employees 
(3) Customer whose personal information was maintained by the enterprise. 

 
3.3.4 Decision of the Objective Function and Constraint Functions 
The objective function decides the optimal combination of measures. Formulation of the 
objective function is described as follows. 
Min {Total risk of information leakage + Total cost of measures} 
where,  
Total risk of information leakage = Value of one piece of personal information x the number  
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of leaked personal information per incident x probability of leakage for a year.  
The Total cost of measures was calculated using the parameters shown in Table 4. The 
variables of the Total risk of the information leakage equation are defined in more detail in 
Section 3.3.7. The Probability of leakage for a year is obtained by using the fault tree analysis 
described in Section 3.3.5. 
The constraint functions are decided as follows: 
(1) Cost of measure for the executive officer 
(2) Probability of leakage (for one year) for the customer 
(3) Degree of burden on employee’ convenience  
(4) Degree of burden on employee’ privacy. 
The formulations for each of these constraint functions are described as follows (in the order 
presented above): 
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Here, Xi is represented as 0-1 variables and is a flag indicating whether to take the measures; 
Coi, Ei, and Pri are calculated by the parameters of the measures; fp is r the probability of 
leakage for one year, and is calculated using the fault tree analysis described in Section 3.3.5. 

 
3.3.5 Fault Tree Analysis 
FTA was used to quantify the risk of the probability of personal information leakage. The 
process of FTA is described as follows. 
(1) Define the undesired effect. 
(2) Each event that could cause the top event is added to the tree as a series of logic expressions. 
(3) The probabilities of the lowest event are obtained from the statistics or opinions of experts. 
(4) The probability of the top event is obtained from the calculation of the events, as defined 
in the previous steps (2)-(3). 
Here, five fault trees were constructed (Figure 3). The top events of these are (a) Leakage 
from the server, (b) Leakage from a desktop PC, (c) Leakage from printed information, (d) 
Leakage from a laptop, and (e) Leakage from a portable device (e.g., USB memory chip, 
portable hard disk, CD/DVD, etc.). Lower events are accidentally leaks by internal 
personnel (leakage by employees), Internal person leaks fraudulently (leakage by an internal 
person who has stolen the information from the enterprise), and External person 
fraudulently leaks (leakage by an external person occurring when information is stolen from 
outside the enterprise). These lower events were also analyzed. 
The lowest event probability was obtained using reports from the Japan Network Security 
Association. 
 

 

 
Fig. 3. Example of the fault tree 

 
3.3.6 Selection of Measures 
We decided the following prerequisites for the measures proposed (Table 2). 
 

No Detail 
1 A firewall is installed. 
2 Antivirus software and security patches are installed on all computers. 
3 Employees cannot enter the server room without an identification card. 
4 Employees are required to enter their password when they log into their PC. 

5 Employees are required to put papers that contain personal information through 
the shredder. 

6 Employees are required to get the manager’s permission when they remove their 
laptop or USB memory chips from the enterprise. 

7 Employees are permitted to take printed information out of the enterprise.  
Table 2. Prerequisites for proposed measures 
 
Because these measures have been instituted by many enterprises according to the report of 
the Japan Network Security Association, these were selected not as measures but as 
prerequisites. Considering the above prerequisites, we selected the following 15 measures 
(Table 3). In cases of 6 through 11 from the proposed selection of measures, only one of the 
alternate details was selected. This is due to the similarity of the measures in each detail. 
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No Detail 
1 Install a system that forces employees to change their password four times a year. 

2 Install management software that prevents employees from using unauthorized 
software. 

3 Install management software that prevents employees from using portable devices 
with the server. 

4 Install a surveillance camera. 

5 Install a URL filtering tool to prevent the use of web-based email and message-
board postings. 

6 Install a mail-filtering tool to restrict emails sent and received. (Employees cannot 
send email out of the enterprise without sending a copy to their manager.) 

7 
Install a mail-filtering tool that restricts emails sent and received. (Employees 
cannot send email containing only an attached file out of the enterprise without 
sending a copy of the mail to their manager.) 

8 
Install management software to encrypt the data automatically when employees try 
to copy data from a desktop or laptop computer to a portable device. (Employees 
cannot decode data without a computer owned by the enterprise.) 

9 Distribute USB memory chips that encrypt data automatically to all employees. 
10 Install a system to automatically encrypt data stored in laptop computers. 
11 Distribute thin client computers to employees.  
12 Restrict the removal of printed personal information form the enterprise. 
13 Install a system to automatically put watermarks on the print. 
14 Install an intrusion detection system. 
15 Install a security scanning system at all entrances into the enterprise. 

Table 3. Proposed Selection of Measures 

 
3.3.7 Determining the Parameters 
(1) The values of the parameters were obtained by discussions among the employees in the 
enterprise (Table 4). The cost was obtained by investigating product brochures. Although 
the cost was originally compiled in Japanese yen, it is converted into U.S. dollars because 
the dollar is known all over the world. The exchange rate on August 27, 2008 was used (1 
U.S. dollar = 109 Japanese yen). The degree of burden on an employee’s convenience and 
privacy ranges from 0 (minimum) to 1.0 (maximum). If a satisfactory probability to decrease 
leakage is 0.8, the information leakage is decreased by 80% in an event of the fault tree. The 
value of a satisfactory probability was actually set with more specificity, however some 
factors have been omitted here due to limited space. 
 
 
 
 
 
 
 
 

 

No. Satisfactory probability of decreased leakage Cost Convenience 
 burden 

Privacy 
burden (U.S. $)  

  Server Desktop 
 computer Print Laptop 

 computer 
Portable 
 device       

1 0.8 0.8 0.5 167,823.12 0.8 0 
2 0.65 0.65 0.85 164,766.06 0.5 0 
3 0.99 770.64 0.4 0 
4 0.4 0.4 0.2 0.4 0.4 38,532.11 0 0.5 
5 0.7 0.7 0.7 89,339.45 0.4 0 
6 0.8 0.8 0.8 51,880.73 0.6 0.6 
7 0.75 0.75 0.75 67,431.19 0.4 0.5 
8  0.99 0.99 0.999 265,967.89 0.2 0 
9  0.999 330,275.23 0.3 0 

10  0.999 140,256.88 0.3 0 
11  0.999 2,642,752.29 0.4 0 
12  0.8 198,165.14 0.7 0 
13  0.6 397,506.88 0.1 0.1 
14 0.75 179,541.28 0 0 
15 0.8 0.8 0.8 0.8 0.8 22,935.78 0.3 0 

Table 4. Parameters of the proposed measures 
 
(2) For our simulated enterprise, the value of one piece of personal information is defined as 
10,000 Japanese yen (1 U.S. dollar = 109 Japanese yen on August 27, 2008) based on an 
incident in Uji City in Kyoto, Japan. One organization, accused of personal information 
leakage, was sentenced to pay 10,000 Japanese yen to a plaintiff for pain and suffering 
caused.  
(3) We must estimate the probability of the lowest events of the fault tree because it is 
impossible to accurately determine the probability of these events. When the probability of 
these events can be obtained using past data, the probabilities of the lowest events were 
obtained using reports from the Japan Network Security Association. If the probabilities of 
these events cannot be obtained using past data, the values were first estimated and 
classified into five levels after which the values are finally decided. The actual probabilities 
of the lowest events are omitted here due to limited space. 
(4) The amount of leaked personal information per incident was obtained from a report 
published by the Japan Network Security Association. This report, which has been 
published every year since 2002, summarizes the investigation of articles regarding personal 
information leakage problems. The number of items of leaked personal information was 
classified and determined by the sources (a)–(d), shown below. In this risk analysis, the 
number of leaked personal information per incident was obtained as averaged data from 
2004 to 2006 reports. It was supposed that the server in the computer room of the enterprise 
maintained ten million pieces of personal information. A summary of these leaked items is 
as follows. 
(a) Leakage from the server: ten million pieces of personal information 
(b) Leakage from laptop or desktop computer: 4,734 pieces of personal information 
(c) Leakage from portable devices such as USB memory chips, hard disks, floppy disks, 
CD/DVDs, etc.: 7,120 pieces of personal information 
(d) Leakage from printed material: 537 pieces of personal information. 
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1 Install a system that forces employees to change their password four times a year. 

2 Install management software that prevents employees from using unauthorized 
software. 

3 Install management software that prevents employees from using portable devices 
with the server. 

4 Install a surveillance camera. 

5 Install a URL filtering tool to prevent the use of web-based email and message-
board postings. 

6 Install a mail-filtering tool to restrict emails sent and received. (Employees cannot 
send email out of the enterprise without sending a copy to their manager.) 

7 
Install a mail-filtering tool that restricts emails sent and received. (Employees 
cannot send email containing only an attached file out of the enterprise without 
sending a copy of the mail to their manager.) 

8 
Install management software to encrypt the data automatically when employees try 
to copy data from a desktop or laptop computer to a portable device. (Employees 
cannot decode data without a computer owned by the enterprise.) 

9 Distribute USB memory chips that encrypt data automatically to all employees. 
10 Install a system to automatically encrypt data stored in laptop computers. 
11 Distribute thin client computers to employees.  
12 Restrict the removal of printed personal information form the enterprise. 
13 Install a system to automatically put watermarks on the print. 
14 Install an intrusion detection system. 
15 Install a security scanning system at all entrances into the enterprise. 

Table 3. Proposed Selection of Measures 

 
3.3.7 Determining the Parameters 
(1) The values of the parameters were obtained by discussions among the employees in the 
enterprise (Table 4). The cost was obtained by investigating product brochures. Although 
the cost was originally compiled in Japanese yen, it is converted into U.S. dollars because 
the dollar is known all over the world. The exchange rate on August 27, 2008 was used (1 
U.S. dollar = 109 Japanese yen). The degree of burden on an employee’s convenience and 
privacy ranges from 0 (minimum) to 1.0 (maximum). If a satisfactory probability to decrease 
leakage is 0.8, the information leakage is decreased by 80% in an event of the fault tree. The 
value of a satisfactory probability was actually set with more specificity, however some 
factors have been omitted here due to limited space. 
 
 
 
 
 
 
 
 

 

No. Satisfactory probability of decreased leakage Cost Convenience 
 burden 

Privacy 
burden (U.S. $)  

  Server Desktop 
 computer Print Laptop 

 computer 
Portable 
 device       

1 0.8 0.8 0.5 167,823.12 0.8 0 
2 0.65 0.65 0.85 164,766.06 0.5 0 
3 0.99 770.64 0.4 0 
4 0.4 0.4 0.2 0.4 0.4 38,532.11 0 0.5 
5 0.7 0.7 0.7 89,339.45 0.4 0 
6 0.8 0.8 0.8 51,880.73 0.6 0.6 
7 0.75 0.75 0.75 67,431.19 0.4 0.5 
8  0.99 0.99 0.999 265,967.89 0.2 0 
9  0.999 330,275.23 0.3 0 

10  0.999 140,256.88 0.3 0 
11  0.999 2,642,752.29 0.4 0 
12  0.8 198,165.14 0.7 0 
13  0.6 397,506.88 0.1 0.1 
14 0.75 179,541.28 0 0 
15 0.8 0.8 0.8 0.8 0.8 22,935.78 0.3 0 

Table 4. Parameters of the proposed measures 
 
(2) For our simulated enterprise, the value of one piece of personal information is defined as 
10,000 Japanese yen (1 U.S. dollar = 109 Japanese yen on August 27, 2008) based on an 
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published every year since 2002, summarizes the investigation of articles regarding personal 
information leakage problems. The number of items of leaked personal information was 
classified and determined by the sources (a)–(d), shown below. In this risk analysis, the 
number of leaked personal information per incident was obtained as averaged data from 
2004 to 2006 reports. It was supposed that the server in the computer room of the enterprise 
maintained ten million pieces of personal information. A summary of these leaked items is 
as follows. 
(a) Leakage from the server: ten million pieces of personal information 
(b) Leakage from laptop or desktop computer: 4,734 pieces of personal information 
(c) Leakage from portable devices such as USB memory chips, hard disks, floppy disks, 
CD/DVDs, etc.: 7,120 pieces of personal information 
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3.4 Risk Communication Using MRC 
This section describes the MRC Usage Process presented in Figure 2. The data obtained by 
the risk analysis was input into the MRC program. We then conducted an experiment of risk 
communication to establish the consensus among role players, as follows. 
First, the role players are described as follows. 
(1) Executive officer: a professor at Tokyo Denki University 
(2) Customer: a student at Tokyo Denki University 
(3) Employees: two employees of the enterprise. 
(a) First, an MRC program specialist conducts the optimization step using MRC if no 
measures have been adopted. We obtained the probability of leakage in order to enable the 
participants to determine the value of constraints more easily. The results are shown in 
Table 5. 
 

Cost (U.S. $) 0 
Probability of leakage (for one year) 0.3036 
Burden on employee convenience 0 
Burden on employee privacy 0 
Measures  
Optimal value (U.S. $) 12,310,247.95 

 Table 5. Case in which no measures were adopted 
 
(b) Second, the specialist sets the value of the constraints, as shown in Table 6, and conducts 
the optimization step using MRC. In our experiment, the cost constraint was half of the cost 
($1,504,331.28 U.S.) when considering all measures. The probability of leakage was half of 
the probability (0.1518) when no measure was adopted because due to a customer’s desire. 
Because there were some opinions from the stakeholders that were difficult to set in terms of 
convenience and privacy burdens, those were set at the maximum values. Optimized 
solution “A”, shown in Table 7, was obtained for this constraint. 
 

Cost (U.S. $) 1,504,331.28 
Probability of leakage (for one year) 0.1518 
Burden on employee convenience  4.5 
Burden on employee privacy  1.2 

Table 6. Constraint conditions 
 

Cost (U.S. $) 830,749.72 
Probability of leakage (for one year) 0.14328 
Burden on employee convenience  2.5 
Burden on employee privacy  0.6 
Measures 1,2,3,6,8,14 
Optimal value (U.S. $) 1,664,448.57 

Table 7. Optimized solution A 
 
(c) Third, optimized solution A was suggested to the stakeholders. After reviewing 
optimized solution A, the customers suggested further decreasing the probability of leakage. 
Accordingly, the probability of leakage was set as one-third of the probability (0.1012) when 

 

no measure was adopted. Once this was accomplished, we conducted the optimization 
again. However, no optimized solution was obtained. 
For this reason, the customers again suggested setting the probability of leakage as two-
fifths (0.12144). Optimized solution B, shown in Table 8, was obtained for this constraint.  
 

Cost (U.S. $) 1,169,171.74 
Probability of leakage (for one year) 0.12001 
Burden on employee convenience  3.5 
Burden on employee privacy  0.6 
Measures 1,2,3,6,8,10,12,14 
Optimal value (U.S. $) 1,998,456.07 

Table 8. Optimized solution B 
 
(d) Although the customers were satisfied with optimized solution B, the employees were 
dissatisfied because they felt that, if such strict measures were adopted, they would cause 
inconveniences in their work. Particularly, because the convenience burden of measure No. 
6 (Employees cannot send email out of the enterprise without sending a copy to their 
manager) was felt to be very high, the employees suggested it be eliminated. The customers 
and executive officer agreed with this demand and decided not to adopt No. 6. 
However, since the employees said that they could accept adoption of No. 7 (Employees 
cannot send email containing an attached file out of the enterprise without sending a copy 
to the manager), No. 7 adopted instead of No. 6. Optimized solution C, shown in Table 9, 
was obtained for this constraint. 
 

Cost (U.S. $) 1,184,722.20 
Probability of leakage (for one year) 0.12439 
Burden on employee convenience  3.3 
Burden on employee privacy  0.5 
Measures 1,2,3,7,8,10,12,14 
Optimal value (U.S. $) 2,015,937.31 

Table 9. Optimized solution C 
 
(e) Although the probability of leakage slightly increased, the customers were satisfied with 
optimized solution C. Employees were satisfied by adopting No. 7 instead of No. 6. 
Although the cost of optimized solution C was more expensive than solutions A and B, the 
executive officer accepted it as well. Consequently, all participants were satisfied with 
optimized solution C, and they succeeded in establishing consensus. 

 
3.5 Evaluation of the MRC 
 

3.5.1 Evaluation of the Objective Function 
As defined in this paper, the damage caused by one piece of personal information leakage 
was set at 10,000 Japanese yen. However, to set a precise value, we will need to consider the 
damage caused by the decrease of trust in the enterprise and the decrease of the stock price. 
Moreover, the expenses incurred when dealing with mass media and lawyers must be 
considered. These are issues of risk analysis for future work. 
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As defined in this paper, the damage caused by one piece of personal information leakage 
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no measure was adopted. Once this was accomplished, we conducted the optimization 
again. However, no optimized solution was obtained. 
For this reason, the customers again suggested setting the probability of leakage as two-
fifths (0.12144). Optimized solution B, shown in Table 8, was obtained for this constraint.  
 

Cost (U.S. $) 1,169,171.74 
Probability of leakage (for one year) 0.12001 
Burden on employee convenience  3.5 
Burden on employee privacy  0.6 
Measures 1,2,3,6,8,10,12,14 
Optimal value (U.S. $) 1,998,456.07 

Table 8. Optimized solution B 
 
(d) Although the customers were satisfied with optimized solution B, the employees were 
dissatisfied because they felt that, if such strict measures were adopted, they would cause 
inconveniences in their work. Particularly, because the convenience burden of measure No. 
6 (Employees cannot send email out of the enterprise without sending a copy to their 
manager) was felt to be very high, the employees suggested it be eliminated. The customers 
and executive officer agreed with this demand and decided not to adopt No. 6. 
However, since the employees said that they could accept adoption of No. 7 (Employees 
cannot send email containing an attached file out of the enterprise without sending a copy 
to the manager), No. 7 adopted instead of No. 6. Optimized solution C, shown in Table 9, 
was obtained for this constraint. 
 

Cost (U.S. $) 1,184,722.20 
Probability of leakage (for one year) 0.12439 
Burden on employee convenience  3.3 
Burden on employee privacy  0.5 
Measures 1,2,3,7,8,10,12,14 
Optimal value (U.S. $) 2,015,937.31 

Table 9. Optimized solution C 
 
(e) Although the probability of leakage slightly increased, the customers were satisfied with 
optimized solution C. Employees were satisfied by adopting No. 7 instead of No. 6. 
Although the cost of optimized solution C was more expensive than solutions A and B, the 
executive officer accepted it as well. Consequently, all participants were satisfied with 
optimized solution C, and they succeeded in establishing consensus. 
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Moreover, the expenses incurred when dealing with mass media and lawyers must be 
considered. These are issues of risk analysis for future work. 
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3.5.2 Evaluation of the Constraint Function 
When the stakeholders decided the value of the constraints, there was a general opinion that 
it was difficult to understand and determine the degree of burden on convenience and 
privacy. Hence, we let employees reject the measures they did not want to take. As a result, 
the risk communications went smoothly and we obtained knowledge that helped the 
stakeholders decide the constraints more easily. 

 
3.5.3 Evaluation of Risk Communications 
Because the experiment of risk communications was a simulation conducted by role players, 
they easily succeeded at establishing consensus. However, if the risk communication was 
conducted by actual stakeholders, it was thought that establishing consensus would be more 
difficult. In particular, even though the executive officer did not complain about the cost 
during the above risk communication, this sort of agreement rarely happens with actual 
stakeholders. 
In future work, we plan to conduct risk communications with actual stakeholders. To that end 
we have developed MRC program version 2.0, which supports risk communications in more 
varied ways (Yajima et al., 2007), and will conduct risk communications with this new version. 

 
3.5.4 Usefulness of the MRC  
In this section, we describe the optimized combination of measures obtained by several 
experts who are very familiar with the personal information leakage problem. These 
measures were set in MRC, and the result is shown in Table 10. 
 

Cost (U.S. $) 970,235.96 
Probability of leakage (for one year) 0.13479 
Burden on employee convenience  2.4 
Burden on employee privacy  0.6 
Measures 1,2,6,8,10,14 
Optimal value (U.S. $) 1,801,672.14 

Table 10. Measures obtained by experts 
 
Consequently, the measures selected by the experts and the measures of optimized solution 
“A” obtained by the MRC were almost identical. However, the measures selected by the 
experts and the measures of optimized solution C, which established consensus finally 
among the simulation stakeholders, differed. Therefore, it was determined that repeated 
discussions among stakeholders and additional modifications to the values of the 
constraints using MRC could lead to a combination of measures that satisfy all stakeholders. 
Furthermore, once we analyze the problem and enter the data into the MRC program, we 
can use it as a template for different organizations. This will expedite the determination of 
optimized measures.  

 
 
 

 

4. MRC Training 
 

4.1 Purpose of MRC Training 
MRC was applied to personal information leakage, illegal copying, and internal control, and 
the effectiveness of MRC was verified. “MRC Program” has been designed to be used by 
anybody through the Internet, although “Mathematica 5.2” has to be installed on the user’s 
computer. However, it is hard for the users to learn what the MRC is and to use “MRC 
Program”. Therefore, we proposed training methods that allowed a beginner to easily 
understand the concept and application process of MRC and then learn to use “MRC 
Program” because we would like to disseminate MRC and improve MRC and “MRC 
Program” by collecting users’ opinions. These training sessions were performed for three 
different subject groups and the results revealed a new use and improvements to the MRC. 
The MRC education methods and the results are described in this section. 

 
4.2 Education Method for Beginners 
 

4.2.1 Subjects 
The education method for beginners is intended for people who do not know MRC. Eleven 
people belonging to the “Information Security Laboratory” at Tokyo Denki University 
participated in this training. Many of the subjects had previous knowledge about 
information security but did not have knowledge about MRC. 

 
4.2.2 Overview of the Training Program 
First, an explanation lasting 1.5 hours was presented to all subjects explaining what MRC is 
and why MRC is necessary in our society. Then, the subjects individually read a manual on 
how to participate in our training program and about how to use the MRC program. The 
subjects played a role similar to an information manager at an enterprise. It was assumed 
that the employees in the subject enterprise were dissatisfied with the decreased 
convenience and privacy caused by the strict measures. The goal of this training program 
was for the subjects to decide on an optimal combination of measures using MRC. 

 
4.2.3 Working Process 
Because it was considered to burdensome for the subjects to carry out all steps of the MRC 
application process (Figure 2), the subjects used the template of risk analysis described in 
section 3. Steps 1, 7, 8, 9, and 10 in Figure 2 were conducted by the subjects. The other steps 
were waived. 
In the first step “Decide the object” (Figure 2), the subjects decided the number of employees, 
type of personal information, and so on, using Table 11. 
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3.5.2 Evaluation of the Constraint Function 
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it was difficult to understand and determine the degree of burden on convenience and 
privacy. Hence, we let employees reject the measures they did not want to take. As a result, 
the risk communications went smoothly and we obtained knowledge that helped the 
stakeholders decide the constraints more easily. 

 
3.5.3 Evaluation of Risk Communications 
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they easily succeeded at establishing consensus. However, if the risk communication was 
conducted by actual stakeholders, it was thought that establishing consensus would be more 
difficult. In particular, even though the executive officer did not complain about the cost 
during the above risk communication, this sort of agreement rarely happens with actual 
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In future work, we plan to conduct risk communications with actual stakeholders. To that end 
we have developed MRC program version 2.0, which supports risk communications in more 
varied ways (Yajima et al., 2007), and will conduct risk communications with this new version. 

 
3.5.4 Usefulness of the MRC  
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3.5.2 Evaluation of the Constraint Function 
When the stakeholders decided the value of the constraints, there was a general opinion that 
it was difficult to understand and determine the degree of burden on convenience and 
privacy. Hence, we let employees reject the measures they did not want to take. As a result, 
the risk communications went smoothly and we obtained knowledge that helped the 
stakeholders decide the constraints more easily. 

 
3.5.3 Evaluation of Risk Communications 
Because the experiment of risk communications was a simulation conducted by role players, 
they easily succeeded at establishing consensus. However, if the risk communication was 
conducted by actual stakeholders, it was thought that establishing consensus would be more 
difficult. In particular, even though the executive officer did not complain about the cost 
during the above risk communication, this sort of agreement rarely happens with actual 
stakeholders. 
In future work, we plan to conduct risk communications with actual stakeholders. To that end 
we have developed MRC program version 2.0, which supports risk communications in more 
varied ways (Yajima et al., 2007), and will conduct risk communications with this new version. 

 
3.5.4 Usefulness of the MRC  
In this section, we describe the optimized combination of measures obtained by several 
experts who are very familiar with the personal information leakage problem. These 
measures were set in MRC, and the result is shown in Table 10. 
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Consequently, the measures selected by the experts and the measures of optimized solution 
“A” obtained by the MRC were almost identical. However, the measures selected by the 
experts and the measures of optimized solution C, which established consensus finally 
among the simulation stakeholders, differed. Therefore, it was determined that repeated 
discussions among stakeholders and additional modifications to the values of the 
constraints using MRC could lead to a combination of measures that satisfy all stakeholders. 
Furthermore, once we analyze the problem and enter the data into the MRC program, we 
can use it as a template for different organizations. This will expedite the determination of 
optimized measures.  

 
 
 

 

4. MRC Training 
 

4.1 Purpose of MRC Training 
MRC was applied to personal information leakage, illegal copying, and internal control, and 
the effectiveness of MRC was verified. “MRC Program” has been designed to be used by 
anybody through the Internet, although “Mathematica 5.2” has to be installed on the user’s 
computer. However, it is hard for the users to learn what the MRC is and to use “MRC 
Program”. Therefore, we proposed training methods that allowed a beginner to easily 
understand the concept and application process of MRC and then learn to use “MRC 
Program” because we would like to disseminate MRC and improve MRC and “MRC 
Program” by collecting users’ opinions. These training sessions were performed for three 
different subject groups and the results revealed a new use and improvements to the MRC. 
The MRC education methods and the results are described in this section. 

 
4.2 Education Method for Beginners 
 

4.2.1 Subjects 
The education method for beginners is intended for people who do not know MRC. Eleven 
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information security but did not have knowledge about MRC. 
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First, an explanation lasting 1.5 hours was presented to all subjects explaining what MRC is 
and why MRC is necessary in our society. Then, the subjects individually read a manual on 
how to participate in our training program and about how to use the MRC program. The 
subjects played a role similar to an information manager at an enterprise. It was assumed 
that the employees in the subject enterprise were dissatisfied with the decreased 
convenience and privacy caused by the strict measures. The goal of this training program 
was for the subjects to decide on an optimal combination of measures using MRC. 

 
4.2.3 Working Process 
Because it was considered to burdensome for the subjects to carry out all steps of the MRC 
application process (Figure 2), the subjects used the template of risk analysis described in 
section 3. Steps 1, 7, 8, 9, and 10 in Figure 2 were conducted by the subjects. The other steps 
were waived. 
In the first step “Decide the object” (Figure 2), the subjects decided the number of employees, 
type of personal information, and so on, using Table 11. 
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3.5.2 Evaluation of the Constraint Function 
When the stakeholders decided the value of the constraints, there was a general opinion that 
it was difficult to understand and determine the degree of burden on convenience and 
privacy. Hence, we let employees reject the measures they did not want to take. As a result, 
the risk communications went smoothly and we obtained knowledge that helped the 
stakeholders decide the constraints more easily. 

 
3.5.3 Evaluation of Risk Communications 
Because the experiment of risk communications was a simulation conducted by role players, 
they easily succeeded at establishing consensus. However, if the risk communication was 
conducted by actual stakeholders, it was thought that establishing consensus would be more 
difficult. In particular, even though the executive officer did not complain about the cost 
during the above risk communication, this sort of agreement rarely happens with actual 
stakeholders. 
In future work, we plan to conduct risk communications with actual stakeholders. To that end 
we have developed MRC program version 2.0, which supports risk communications in more 
varied ways (Yajima et al., 2007), and will conduct risk communications with this new version. 

 
3.5.4 Usefulness of the MRC  
In this section, we describe the optimized combination of measures obtained by several 
experts who are very familiar with the personal information leakage problem. These 
measures were set in MRC, and the result is shown in Table 10. 
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“A” obtained by the MRC were almost identical. However, the measures selected by the 
experts and the measures of optimized solution C, which established consensus finally 
among the simulation stakeholders, differed. Therefore, it was determined that repeated 
discussions among stakeholders and additional modifications to the values of the 
constraints using MRC could lead to a combination of measures that satisfy all stakeholders. 
Furthermore, once we analyze the problem and enter the data into the MRC program, we 
can use it as a template for different organizations. This will expedite the determination of 
optimized measures.  
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4.2.1 Subjects 
The education method for beginners is intended for people who do not know MRC. Eleven 
people belonging to the “Information Security Laboratory” at Tokyo Denki University 
participated in this training. Many of the subjects had previous knowledge about 
information security but did not have knowledge about MRC. 

 
4.2.2 Overview of the Training Program 
First, an explanation lasting 1.5 hours was presented to all subjects explaining what MRC is 
and why MRC is necessary in our society. Then, the subjects individually read a manual on 
how to participate in our training program and about how to use the MRC program. The 
subjects played a role similar to an information manager at an enterprise. It was assumed 
that the employees in the subject enterprise were dissatisfied with the decreased 
convenience and privacy caused by the strict measures. The goal of this training program 
was for the subjects to decide on an optimal combination of measures using MRC. 

 
4.2.3 Working Process 
Because it was considered to burdensome for the subjects to carry out all steps of the MRC 
application process (Figure 2), the subjects used the template of risk analysis described in 
section 3. Steps 1, 7, 8, 9, and 10 in Figure 2 were conducted by the subjects. The other steps 
were waived. 
In the first step “Decide the object” (Figure 2), the subjects decided the number of employees, 
type of personal information, and so on, using Table 11. 
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1 Number of employees in the organization 
2 Number of employees who are allowed into the server room in the organization 
3 Number of pieces of personal information the organization maintains 
4 Types of personal information maintained by the organization (choose one) 
a Basic information such as names, addresses, birth dates, or telephone numbers 

b Basic information + confidential information such as a salary, account number, or 
clinical record 

c Basic information + critical information such as crime records, sexual 
propensities, or account numbers & passwords 

5 Number of devices the organization owns 
a Number of servers: one 
b Number of desktop PCs 
c Number of laptops 

d Number of electronic media such as USB memory chips and portable hard disk 
drives 

Table 11. Questionnaire to decide the organization 
 
In the seventh step “Decide the parameters” (Figure 2), the subject obtains the cost of measures 
and probability of the lowest events of the fault tree. The subject can obtain the values of these 
two parameters simply by inputting data into the template, which was created in MS Excel. 
In the eighth step “Input the data into MRC program” (Figure 2), the subject inputs data such 
as the cost of the measures, event probabilities, and so on, into the MRC program.  
In the ninth step “Decide the value of the constraints” and in the tenth step “Obtain optimal 
combination of proposed measures using the optimization engine” (Figure 2), the subject sets 
the values of the constraints, such as the probability of leakage or the cost of measures, and 
obtains the result from the MRC program. If the subject is not satisfied with the combination of 
measures obtained by the MRC program, the subject can repeatedly change the values of the 
constraints until he or she is satisfied with the combination of measures. The training process 
is finished when the subject obtains a satisfactory combination of measures. 

 
4.2.4 Result and Discussion 
The subjects answered a questionnaire after finishing this training program. According to the 
questionnaire, the average time for completing the training program was 4.88 hours. This 
amount of time required is not excessive and we think people who are not aware of MRC can 
easily participate in this training program. 
The questionnaire evaluation results of MRC are described in Figure 4. Here, 5 is the best score 
and 1 is the worst. According to the questionnaire, understanding MRC is 3.18, understanding 
the risk is 3.00, and the proficiency of the MRC program (program’s ability to perform its 
function or the ability of the subject to use the program) is 2.27. The reasons why the results of 
this training process were not high are described below. 
(1) Understanding MRC was not high because each subject worked individually and could not 
conduct risk communication to reach a consensus, which is the main purpose of MRC. 
(2) Risk understanding was not high because each subject had limited opportunities to learn 
about the information leakage problem through the MRC application process. 
(3) MRC program proficiency was low because each subject input just a small amount of data.  

 

As noted above, some ideas for improvement emerged during the training sessions for the 
beginners. Based on these results, we generated a “training method for beginner groups” 
and conducted it for groups of subject other subject groups. 
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Fig. 4. Results of training method for beginners 

 
4.3 Education Method for Beginner Groups 
 

4.3.1 Subjects 
The education method for the beginner groups was designed for people who had no 
previous knowledge of MRC. Twenty-eight people who attended a lecture on “Information 
Security” at the graduate school of Tokyo Denki University actually participated in this 
training program. Many subjects were interested in information security, but had no 
previous knowledge of MRC. 

 
4.3.2 Overview of the Training Program 
First, an explanation lasting 1.5 hours was given to all subjects on what MRC is and why 
MRC is necessary in our society. Then, the subjects were required to form groups of three or 
four, after which these groups applied MRC to the information leakage problem. When 
carrying out this training program, the subjects read a manual on how to proceed with this 
training program and how to use the MRC program. 
In this training program, MRC is applied to the information leakage problem in a support 
department of a maker. The details of the maker, such as the contents described in Table 11, 
the rules for handling the customer’s information, an overview of the system at the 
enterprise, and the flow of the customer’s information, were shown to the subjects. The goal 
of this training was to ensure that the subjects obtained the optimal combination of 
measures in a specific enterprise using MRC. 

 
4.3.3 Working Process 
The subjects used the risk analysis template to participate in this training program. The 
content of the template, however, was different from the content created for individual 
beginners. Here, the subjects conducted risk communication within the group, learned more 
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In the seventh step “Decide the parameters” (Figure 2), the subject obtains the cost of measures 
and probability of the lowest events of the fault tree. The subject can obtain the values of these 
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the values of the constraints, such as the probability of leakage or the cost of measures, and 
obtains the result from the MRC program. If the subject is not satisfied with the combination of 
measures obtained by the MRC program, the subject can repeatedly change the values of the 
constraints until he or she is satisfied with the combination of measures. The training process 
is finished when the subject obtains a satisfactory combination of measures. 

 
4.2.4 Result and Discussion 
The subjects answered a questionnaire after finishing this training program. According to the 
questionnaire, the average time for completing the training program was 4.88 hours. This 
amount of time required is not excessive and we think people who are not aware of MRC can 
easily participate in this training program. 
The questionnaire evaluation results of MRC are described in Figure 4. Here, 5 is the best score 
and 1 is the worst. According to the questionnaire, understanding MRC is 3.18, understanding 
the risk is 3.00, and the proficiency of the MRC program (program’s ability to perform its 
function or the ability of the subject to use the program) is 2.27. The reasons why the results of 
this training process were not high are described below. 
(1) Understanding MRC was not high because each subject worked individually and could not 
conduct risk communication to reach a consensus, which is the main purpose of MRC. 
(2) Risk understanding was not high because each subject had limited opportunities to learn 
about the information leakage problem through the MRC application process. 
(3) MRC program proficiency was low because each subject input just a small amount of data.  
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and conducted it for groups of subject other subject groups. 
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4.3 Education Method for Beginner Groups 
 

4.3.1 Subjects 
The education method for the beginner groups was designed for people who had no 
previous knowledge of MRC. Twenty-eight people who attended a lecture on “Information 
Security” at the graduate school of Tokyo Denki University actually participated in this 
training program. Many subjects were interested in information security, but had no 
previous knowledge of MRC. 

 
4.3.2 Overview of the Training Program 
First, an explanation lasting 1.5 hours was given to all subjects on what MRC is and why 
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the rules for handling the customer’s information, an overview of the system at the 
enterprise, and the flow of the customer’s information, were shown to the subjects. The goal 
of this training was to ensure that the subjects obtained the optimal combination of 
measures in a specific enterprise using MRC. 

 
4.3.3 Working Process 
The subjects used the risk analysis template to participate in this training program. The 
content of the template, however, was different from the content created for individual 
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In the seventh step “Decide the parameters” (Figure 2), the subject obtains the cost of measures 
and probability of the lowest events of the fault tree. The subject can obtain the values of these 
two parameters simply by inputting data into the template, which was created in MS Excel. 
In the eighth step “Input the data into MRC program” (Figure 2), the subject inputs data such 
as the cost of the measures, event probabilities, and so on, into the MRC program.  
In the ninth step “Decide the value of the constraints” and in the tenth step “Obtain optimal 
combination of proposed measures using the optimization engine” (Figure 2), the subject sets 
the values of the constraints, such as the probability of leakage or the cost of measures, and 
obtains the result from the MRC program. If the subject is not satisfied with the combination of 
measures obtained by the MRC program, the subject can repeatedly change the values of the 
constraints until he or she is satisfied with the combination of measures. The training process 
is finished when the subject obtains a satisfactory combination of measures. 

 
4.2.4 Result and Discussion 
The subjects answered a questionnaire after finishing this training program. According to the 
questionnaire, the average time for completing the training program was 4.88 hours. This 
amount of time required is not excessive and we think people who are not aware of MRC can 
easily participate in this training program. 
The questionnaire evaluation results of MRC are described in Figure 4. Here, 5 is the best score 
and 1 is the worst. According to the questionnaire, understanding MRC is 3.18, understanding 
the risk is 3.00, and the proficiency of the MRC program (program’s ability to perform its 
function or the ability of the subject to use the program) is 2.27. The reasons why the results of 
this training process were not high are described below. 
(1) Understanding MRC was not high because each subject worked individually and could not 
conduct risk communication to reach a consensus, which is the main purpose of MRC. 
(2) Risk understanding was not high because each subject had limited opportunities to learn 
about the information leakage problem through the MRC application process. 
(3) MRC program proficiency was low because each subject input just a small amount of data.  

 

As noted above, some ideas for improvement emerged during the training sessions for the 
beginners. Based on these results, we generated a “training method for beginner groups” 
and conducted it for groups of subject other subject groups. 
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4.3 Education Method for Beginner Groups 
 

4.3.1 Subjects 
The education method for the beginner groups was designed for people who had no 
previous knowledge of MRC. Twenty-eight people who attended a lecture on “Information 
Security” at the graduate school of Tokyo Denki University actually participated in this 
training program. Many subjects were interested in information security, but had no 
previous knowledge of MRC. 

 
4.3.2 Overview of the Training Program 
First, an explanation lasting 1.5 hours was given to all subjects on what MRC is and why 
MRC is necessary in our society. Then, the subjects were required to form groups of three or 
four, after which these groups applied MRC to the information leakage problem. When 
carrying out this training program, the subjects read a manual on how to proceed with this 
training program and how to use the MRC program. 
In this training program, MRC is applied to the information leakage problem in a support 
department of a maker. The details of the maker, such as the contents described in Table 11, 
the rules for handling the customer’s information, an overview of the system at the 
enterprise, and the flow of the customer’s information, were shown to the subjects. The goal 
of this training was to ensure that the subjects obtained the optimal combination of 
measures in a specific enterprise using MRC. 

 
4.3.3 Working Process 
The subjects used the risk analysis template to participate in this training program. The 
content of the template, however, was different from the content created for individual 
beginners. Here, the subjects conducted risk communication within the group, learned more 
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1 Number of employees in the organization 
2 Number of employees who are allowed into the server room in the organization 
3 Number of pieces of personal information the organization maintains 
4 Types of personal information maintained by the organization (choose one) 
a Basic information such as names, addresses, birth dates, or telephone numbers 

b Basic information + confidential information such as a salary, account number, or 
clinical record 

c Basic information + critical information such as crime records, sexual 
propensities, or account numbers & passwords 

5 Number of devices the organization owns 
a Number of servers: one 
b Number of desktop PCs 
c Number of laptops 

d Number of electronic media such as USB memory chips and portable hard disk 
drives 

Table 11. Questionnaire to decide the organization 
 
In the seventh step “Decide the parameters” (Figure 2), the subject obtains the cost of measures 
and probability of the lowest events of the fault tree. The subject can obtain the values of these 
two parameters simply by inputting data into the template, which was created in MS Excel. 
In the eighth step “Input the data into MRC program” (Figure 2), the subject inputs data such 
as the cost of the measures, event probabilities, and so on, into the MRC program.  
In the ninth step “Decide the value of the constraints” and in the tenth step “Obtain optimal 
combination of proposed measures using the optimization engine” (Figure 2), the subject sets 
the values of the constraints, such as the probability of leakage or the cost of measures, and 
obtains the result from the MRC program. If the subject is not satisfied with the combination of 
measures obtained by the MRC program, the subject can repeatedly change the values of the 
constraints until he or she is satisfied with the combination of measures. The training process 
is finished when the subject obtains a satisfactory combination of measures. 

 
4.2.4 Result and Discussion 
The subjects answered a questionnaire after finishing this training program. According to the 
questionnaire, the average time for completing the training program was 4.88 hours. This 
amount of time required is not excessive and we think people who are not aware of MRC can 
easily participate in this training program. 
The questionnaire evaluation results of MRC are described in Figure 4. Here, 5 is the best score 
and 1 is the worst. According to the questionnaire, understanding MRC is 3.18, understanding 
the risk is 3.00, and the proficiency of the MRC program (program’s ability to perform its 
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(1) Understanding MRC was not high because each subject worked individually and could not 
conduct risk communication to reach a consensus, which is the main purpose of MRC. 
(2) Risk understanding was not high because each subject had limited opportunities to learn 
about the information leakage problem through the MRC application process. 
(3) MRC program proficiency was low because each subject input just a small amount of data.  

 

As noted above, some ideas for improvement emerged during the training sessions for the 
beginners. Based on these results, we generated a “training method for beginner groups” 
and conducted it for groups of subject other subject groups. 
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4.3 Education Method for Beginner Groups 
 

4.3.1 Subjects 
The education method for the beginner groups was designed for people who had no 
previous knowledge of MRC. Twenty-eight people who attended a lecture on “Information 
Security” at the graduate school of Tokyo Denki University actually participated in this 
training program. Many subjects were interested in information security, but had no 
previous knowledge of MRC. 

 
4.3.2 Overview of the Training Program 
First, an explanation lasting 1.5 hours was given to all subjects on what MRC is and why 
MRC is necessary in our society. Then, the subjects were required to form groups of three or 
four, after which these groups applied MRC to the information leakage problem. When 
carrying out this training program, the subjects read a manual on how to proceed with this 
training program and how to use the MRC program. 
In this training program, MRC is applied to the information leakage problem in a support 
department of a maker. The details of the maker, such as the contents described in Table 11, 
the rules for handling the customer’s information, an overview of the system at the 
enterprise, and the flow of the customer’s information, were shown to the subjects. The goal 
of this training was to ensure that the subjects obtained the optimal combination of 
measures in a specific enterprise using MRC. 

 
4.3.3 Working Process 
The subjects used the risk analysis template to participate in this training program. The 
content of the template, however, was different from the content created for individual 
beginners. Here, the subjects conducted risk communication within the group, learned more 
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about the information leakage problem during the risk analysis process, and input more 
data into the MRC program based on the results of the beginner-training program. Steps 2, 5, 
6, 7, 8, 9, 10 and 11 in Figure 2 are conducted by the subjects. The other steps were waived. 
In the second step “Analyze the object,” the subjects decided the value of one piece of 
personal information. We determined that the subjects could learn about the personal 
information leakage problem through the process of investigating an information leakage 
report.  
In the fifth step “Risk analysis,” the subjects estimated and filled in the template blanks of 
the fault tree created for this program. This work helped the subjects learn the route of 
information leakage. Although a way exists for subjects to create a fault tree from raw 
materials, we chose to use a pre-created tree in order to reduce the burden on the subjects. 
In the sixth step “Select and propose alternative measures,” the subjects selected effective 
measures against information leakage. We showed the subject the eight previously 
determined measures and instructed them to select seven other measures. The subjects were 
able to learn about the information leakage problem through the process of investigating the 
measures and discussing their effectiveness within their groups.  
In the seventh step “Decide the parameters,” the subjects decided the cost of the measures 
and degrees of burden on convenience and privacy of the employees. Because the 
probability of the lowest event of the fault tree was given by the template, the subjects did 
not need to determine the probability. The cost of the measures was obtained by 
investigating the cost of genuine products. The degrees of burden on the convenience and 
privacy of the employees were obtained by discussing them within the group.  
In the eighth step “Input the data into the MRC program,” the subjects input data such as 
the value of one piece of personal information, measures against information leakage, and 
some parameters. More data was entered by the subjects in this training program than the 
data in training method for individual beginners. 
In the ninth, tenth, and eleventh steps, the subjects input the value of constraints such as the 
cost or the probability of leakage, and obtained the result from the MRC program. The 
subjects conducted risk communication within the group using this result. The subjects 
decided the roles of the executive officer, employees, and customers and discussed the 
optimal combination of measures until all the subjects were satisfied with the result. The 
training program was complete when the subjects arrived at consensus within the group. 
We determined that groups of subjects could understand more about MRC by conducting 
risk communication because building consensus among the participants reflects the main 
purpose of MRC. 

 
4.3.4 Result and Discussion 
According to the questionnaire, the average time required to complete this training program 
was 6.70 hours. Even though this average time is 1.82 hours longer than the average time for 
the training of individual beginners, we do not think the amount of time required was an 
excessive burden on the subjects. 
The questionnaire evaluation results of MRC are described in Figure 5. According to the 
questionnaire, understanding MRC was 3.93, understanding the risk was 4.07, and 
proficiency of the MRC program was 3.11. These are considered satisfactory results. 
Therefore, we concluded the group training method was effective for training beginners 
about MRC. 
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Fig. 5. Comparison between the results of the training method for beginners and beginner 
groups 

 
4.4. Education Method for Experienced Groups 
 

4.4.1 Subjects 
The education method for experienced groups is designed for people who have completed 
the beginner group training and who want to learn more about MRC. Three students in the 
information security laboratory at Tokyo Denki University along with five students who are 
in the “integrated special scheme for information security specialist cultivation” participated 
in this training program. Three students from Chuo University and two students from the 
Institute of Information Security who also part of the “integrated special scheme for 
information security specialist cultivation” program also participated in the MRC training. 
The subjects were divided into three groups based on their university.  

 
4.4.2 Overview of the Training Program 
In the first step, the subjects participated in the training method for the beginner groups in 
order to learn about MRC and then apply MRC to different problems. In other words, the 
subjects were required to perform all steps of the MRC application process shown in Figure 2. 
The students of Tokyo Denki University applied MRC to an information leakage problem at 
a major insurance company while the students of Chuo University applied MRC to an 
information leakage problem at a hospital. Because the organizations were different from 
the one used in the beginner groups, the subjects were required to analyze the risk from the 
beginning. However, the subjects did not need to conduct step 2, “Analyze the object,” 
because they had already analyzed the information leakage problem in their beginner 
groups. The students of the Institute of Information Security applied MRC to the problem of 
a fabricated TV show report entitled “Hakkutsu! Aruaru Daijiten“. In this case, the subjects 
were required to conduct step 2, “Analyze the object,” in order to fully understand this 
problem. 
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about the information leakage problem during the risk analysis process, and input more 
data into the MRC program based on the results of the beginner-training program. Steps 2, 5, 
6, 7, 8, 9, 10 and 11 in Figure 2 are conducted by the subjects. The other steps were waived. 
In the second step “Analyze the object,” the subjects decided the value of one piece of 
personal information. We determined that the subjects could learn about the personal 
information leakage problem through the process of investigating an information leakage 
report.  
In the fifth step “Risk analysis,” the subjects estimated and filled in the template blanks of 
the fault tree created for this program. This work helped the subjects learn the route of 
information leakage. Although a way exists for subjects to create a fault tree from raw 
materials, we chose to use a pre-created tree in order to reduce the burden on the subjects. 
In the sixth step “Select and propose alternative measures,” the subjects selected effective 
measures against information leakage. We showed the subject the eight previously 
determined measures and instructed them to select seven other measures. The subjects were 
able to learn about the information leakage problem through the process of investigating the 
measures and discussing their effectiveness within their groups.  
In the seventh step “Decide the parameters,” the subjects decided the cost of the measures 
and degrees of burden on convenience and privacy of the employees. Because the 
probability of the lowest event of the fault tree was given by the template, the subjects did 
not need to determine the probability. The cost of the measures was obtained by 
investigating the cost of genuine products. The degrees of burden on the convenience and 
privacy of the employees were obtained by discussing them within the group.  
In the eighth step “Input the data into the MRC program,” the subjects input data such as 
the value of one piece of personal information, measures against information leakage, and 
some parameters. More data was entered by the subjects in this training program than the 
data in training method for individual beginners. 
In the ninth, tenth, and eleventh steps, the subjects input the value of constraints such as the 
cost or the probability of leakage, and obtained the result from the MRC program. The 
subjects conducted risk communication within the group using this result. The subjects 
decided the roles of the executive officer, employees, and customers and discussed the 
optimal combination of measures until all the subjects were satisfied with the result. The 
training program was complete when the subjects arrived at consensus within the group. 
We determined that groups of subjects could understand more about MRC by conducting 
risk communication because building consensus among the participants reflects the main 
purpose of MRC. 

 
4.3.4 Result and Discussion 
According to the questionnaire, the average time required to complete this training program 
was 6.70 hours. Even though this average time is 1.82 hours longer than the average time for 
the training of individual beginners, we do not think the amount of time required was an 
excessive burden on the subjects. 
The questionnaire evaluation results of MRC are described in Figure 5. According to the 
questionnaire, understanding MRC was 3.93, understanding the risk was 4.07, and 
proficiency of the MRC program was 3.11. These are considered satisfactory results. 
Therefore, we concluded the group training method was effective for training beginners 
about MRC. 
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groups 

 
4.4. Education Method for Experienced Groups 
 

4.4.1 Subjects 
The education method for experienced groups is designed for people who have completed 
the beginner group training and who want to learn more about MRC. Three students in the 
information security laboratory at Tokyo Denki University along with five students who are 
in the “integrated special scheme for information security specialist cultivation” participated 
in this training program. Three students from Chuo University and two students from the 
Institute of Information Security who also part of the “integrated special scheme for 
information security specialist cultivation” program also participated in the MRC training. 
The subjects were divided into three groups based on their university.  

 
4.4.2 Overview of the Training Program 
In the first step, the subjects participated in the training method for the beginner groups in 
order to learn about MRC and then apply MRC to different problems. In other words, the 
subjects were required to perform all steps of the MRC application process shown in Figure 2. 
The students of Tokyo Denki University applied MRC to an information leakage problem at 
a major insurance company while the students of Chuo University applied MRC to an 
information leakage problem at a hospital. Because the organizations were different from 
the one used in the beginner groups, the subjects were required to analyze the risk from the 
beginning. However, the subjects did not need to conduct step 2, “Analyze the object,” 
because they had already analyzed the information leakage problem in their beginner 
groups. The students of the Institute of Information Security applied MRC to the problem of 
a fabricated TV show report entitled “Hakkutsu! Aruaru Daijiten“. In this case, the subjects 
were required to conduct step 2, “Analyze the object,” in order to fully understand this 
problem. 
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about the information leakage problem during the risk analysis process, and input more 
data into the MRC program based on the results of the beginner-training program. Steps 2, 5, 
6, 7, 8, 9, 10 and 11 in Figure 2 are conducted by the subjects. The other steps were waived. 
In the second step “Analyze the object,” the subjects decided the value of one piece of 
personal information. We determined that the subjects could learn about the personal 
information leakage problem through the process of investigating an information leakage 
report.  
In the fifth step “Risk analysis,” the subjects estimated and filled in the template blanks of 
the fault tree created for this program. This work helped the subjects learn the route of 
information leakage. Although a way exists for subjects to create a fault tree from raw 
materials, we chose to use a pre-created tree in order to reduce the burden on the subjects. 
In the sixth step “Select and propose alternative measures,” the subjects selected effective 
measures against information leakage. We showed the subject the eight previously 
determined measures and instructed them to select seven other measures. The subjects were 
able to learn about the information leakage problem through the process of investigating the 
measures and discussing their effectiveness within their groups.  
In the seventh step “Decide the parameters,” the subjects decided the cost of the measures 
and degrees of burden on convenience and privacy of the employees. Because the 
probability of the lowest event of the fault tree was given by the template, the subjects did 
not need to determine the probability. The cost of the measures was obtained by 
investigating the cost of genuine products. The degrees of burden on the convenience and 
privacy of the employees were obtained by discussing them within the group.  
In the eighth step “Input the data into the MRC program,” the subjects input data such as 
the value of one piece of personal information, measures against information leakage, and 
some parameters. More data was entered by the subjects in this training program than the 
data in training method for individual beginners. 
In the ninth, tenth, and eleventh steps, the subjects input the value of constraints such as the 
cost or the probability of leakage, and obtained the result from the MRC program. The 
subjects conducted risk communication within the group using this result. The subjects 
decided the roles of the executive officer, employees, and customers and discussed the 
optimal combination of measures until all the subjects were satisfied with the result. The 
training program was complete when the subjects arrived at consensus within the group. 
We determined that groups of subjects could understand more about MRC by conducting 
risk communication because building consensus among the participants reflects the main 
purpose of MRC. 

 
4.3.4 Result and Discussion 
According to the questionnaire, the average time required to complete this training program 
was 6.70 hours. Even though this average time is 1.82 hours longer than the average time for 
the training of individual beginners, we do not think the amount of time required was an 
excessive burden on the subjects. 
The questionnaire evaluation results of MRC are described in Figure 5. According to the 
questionnaire, understanding MRC was 3.93, understanding the risk was 4.07, and 
proficiency of the MRC program was 3.11. These are considered satisfactory results. 
Therefore, we concluded the group training method was effective for training beginners 
about MRC. 
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4.4. Education Method for Experienced Groups 
 

4.4.1 Subjects 
The education method for experienced groups is designed for people who have completed 
the beginner group training and who want to learn more about MRC. Three students in the 
information security laboratory at Tokyo Denki University along with five students who are 
in the “integrated special scheme for information security specialist cultivation” participated 
in this training program. Three students from Chuo University and two students from the 
Institute of Information Security who also part of the “integrated special scheme for 
information security specialist cultivation” program also participated in the MRC training. 
The subjects were divided into three groups based on their university.  

 
4.4.2 Overview of the Training Program 
In the first step, the subjects participated in the training method for the beginner groups in 
order to learn about MRC and then apply MRC to different problems. In other words, the 
subjects were required to perform all steps of the MRC application process shown in Figure 2. 
The students of Tokyo Denki University applied MRC to an information leakage problem at 
a major insurance company while the students of Chuo University applied MRC to an 
information leakage problem at a hospital. Because the organizations were different from 
the one used in the beginner groups, the subjects were required to analyze the risk from the 
beginning. However, the subjects did not need to conduct step 2, “Analyze the object,” 
because they had already analyzed the information leakage problem in their beginner 
groups. The students of the Institute of Information Security applied MRC to the problem of 
a fabricated TV show report entitled “Hakkutsu! Aruaru Daijiten“. In this case, the subjects 
were required to conduct step 2, “Analyze the object,” in order to fully understand this 
problem. 
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about the information leakage problem during the risk analysis process, and input more 
data into the MRC program based on the results of the beginner-training program. Steps 2, 5, 
6, 7, 8, 9, 10 and 11 in Figure 2 are conducted by the subjects. The other steps were waived. 
In the second step “Analyze the object,” the subjects decided the value of one piece of 
personal information. We determined that the subjects could learn about the personal 
information leakage problem through the process of investigating an information leakage 
report.  
In the fifth step “Risk analysis,” the subjects estimated and filled in the template blanks of 
the fault tree created for this program. This work helped the subjects learn the route of 
information leakage. Although a way exists for subjects to create a fault tree from raw 
materials, we chose to use a pre-created tree in order to reduce the burden on the subjects. 
In the sixth step “Select and propose alternative measures,” the subjects selected effective 
measures against information leakage. We showed the subject the eight previously 
determined measures and instructed them to select seven other measures. The subjects were 
able to learn about the information leakage problem through the process of investigating the 
measures and discussing their effectiveness within their groups.  
In the seventh step “Decide the parameters,” the subjects decided the cost of the measures 
and degrees of burden on convenience and privacy of the employees. Because the 
probability of the lowest event of the fault tree was given by the template, the subjects did 
not need to determine the probability. The cost of the measures was obtained by 
investigating the cost of genuine products. The degrees of burden on the convenience and 
privacy of the employees were obtained by discussing them within the group.  
In the eighth step “Input the data into the MRC program,” the subjects input data such as 
the value of one piece of personal information, measures against information leakage, and 
some parameters. More data was entered by the subjects in this training program than the 
data in training method for individual beginners. 
In the ninth, tenth, and eleventh steps, the subjects input the value of constraints such as the 
cost or the probability of leakage, and obtained the result from the MRC program. The 
subjects conducted risk communication within the group using this result. The subjects 
decided the roles of the executive officer, employees, and customers and discussed the 
optimal combination of measures until all the subjects were satisfied with the result. The 
training program was complete when the subjects arrived at consensus within the group. 
We determined that groups of subjects could understand more about MRC by conducting 
risk communication because building consensus among the participants reflects the main 
purpose of MRC. 

 
4.3.4 Result and Discussion 
According to the questionnaire, the average time required to complete this training program 
was 6.70 hours. Even though this average time is 1.82 hours longer than the average time for 
the training of individual beginners, we do not think the amount of time required was an 
excessive burden on the subjects. 
The questionnaire evaluation results of MRC are described in Figure 5. According to the 
questionnaire, understanding MRC was 3.93, understanding the risk was 4.07, and 
proficiency of the MRC program was 3.11. These are considered satisfactory results. 
Therefore, we concluded the group training method was effective for training beginners 
about MRC. 
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4.4. Education Method for Experienced Groups 
 

4.4.1 Subjects 
The education method for experienced groups is designed for people who have completed 
the beginner group training and who want to learn more about MRC. Three students in the 
information security laboratory at Tokyo Denki University along with five students who are 
in the “integrated special scheme for information security specialist cultivation” participated 
in this training program. Three students from Chuo University and two students from the 
Institute of Information Security who also part of the “integrated special scheme for 
information security specialist cultivation” program also participated in the MRC training. 
The subjects were divided into three groups based on their university.  

 
4.4.2 Overview of the Training Program 
In the first step, the subjects participated in the training method for the beginner groups in 
order to learn about MRC and then apply MRC to different problems. In other words, the 
subjects were required to perform all steps of the MRC application process shown in Figure 2. 
The students of Tokyo Denki University applied MRC to an information leakage problem at 
a major insurance company while the students of Chuo University applied MRC to an 
information leakage problem at a hospital. Because the organizations were different from 
the one used in the beginner groups, the subjects were required to analyze the risk from the 
beginning. However, the subjects did not need to conduct step 2, “Analyze the object,” 
because they had already analyzed the information leakage problem in their beginner 
groups. The students of the Institute of Information Security applied MRC to the problem of 
a fabricated TV show report entitled “Hakkutsu! Aruaru Daijiten“. In this case, the subjects 
were required to conduct step 2, “Analyze the object,” in order to fully understand this 
problem. 
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4.4.3 Result and Discussion 
Based on the questionnaire results, the average time required to complete this training 
program was 13.67 hours. This amount of time is much longer than the time spent in 
training for the beginner groups because the subjects needed to complete all the steps of the 
MRC application process. 
The results of the questionnaire evaluation of MRC are described in Figure 6. According to 
the questionnaire, understanding MRC was 4.50, understanding the risk was 4.13, and the 
proficiency of the MRC program is 4.00. These are considered to be satisfactory results. 
Therefore, we concluded that the training method for experienced groups was effective for 
people who want to learn more about MRC. After finishing the training program for the 
beginner groups, the subjects could acquire the skill needed to apply MRC to new problems, 
and it is thought that this training program could contribute to an increased number of MRC 
users. 
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Fig. 6. Comparison of the results of the training methods for beginner and experienced 
groups 

 
4.5. Evaluation of MRC 
 

4.5.1 Evaluation of Effectiveness of MRC 
The results of the questionnaire regarding the effectiveness of MRC are described in Figure 7. 
The results of the training program for the beginner groups include two different subject 
groups. According to Figure 7, many subjects evaluated MRC as effective. However, some 
questions arose from comments on some questionnaires and the method used to resolve 
these questions is described below. 
(1) It was hard for the subjects to understand the degree of burden on the convenience and 
privacy of employees. The degree of burden, which ranges from 0 to 1, was allocated to each 
measure and the total of these values was set as the value of the constraint function. 
However, some subjects pointed out that they could not understand the indicators of the 
burden value. In order to resolve this issue, we will prepare burden indicators in the future. 

 

(2) Some subjects noted that it takes a long time to analyze the risk. Even though it takes 
approximately 150 hours to apply MRC to a problem for the first time, we can shorten the 
amount of time required for the second or later analysis by using the results of the first risk 
analysis as a template. We will also consider shortening the time required to enter data into 
the MRC program by adding an import function to the program in the future. 
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Fig. 7. Evaluation of the effectiveness of MRC 

 
4.5.2 Evaluation of MRC Program 
The result of the evaluation of the effectiveness of the MRC program is described in Figure 8. 
The result for beginners includes two different subject groups. According to Figure 8, the 
evaluation of the MRC program for experienced groups indicated that it takes a long time to 
finish; this result is better than the evaluation of MRC program for the beginner and 
beginner groups, which means the MRC program is not convenient for beginner users but is 
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order to improve these points. The solutions for the top three complaints are described 
below. 
(1) It is hard and troublesome to input data into the MRC program. Especially, there are 
many opinions must be input on the fault tree and the measures is troublesome. Therefore, 
we will add a function such as importing data into the MRC program from Microsoft Excel. 
(2) The user interface is not good. The window size needs to be changed because the subjects 
pointed out that window size is small. 
(3) There are some bugs and crashes. The motivation of some subjects decreased due to 
these problems and these bugs must be eliminated. 
 

Application and Education of “Multiple Risk Communicator” 471

 

4.4.3 Result and Discussion 
Based on the questionnaire results, the average time required to complete this training 
program was 13.67 hours. This amount of time is much longer than the time spent in 
training for the beginner groups because the subjects needed to complete all the steps of the 
MRC application process. 
The results of the questionnaire evaluation of MRC are described in Figure 6. According to 
the questionnaire, understanding MRC was 4.50, understanding the risk was 4.13, and the 
proficiency of the MRC program is 4.00. These are considered to be satisfactory results. 
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The result for beginners includes two different subject groups. According to Figure 8, the 
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order to improve these points. The solutions for the top three complaints are described 
below. 
(1) It is hard and troublesome to input data into the MRC program. Especially, there are 
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The result of the evaluation of the effectiveness of the MRC program is described in Figure 8. 
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beginner groups, which means the MRC program is not convenient for beginner users but is 
convenient for experienced users. Because it is desirable to make the MRC program 
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below. 
(1) It is hard and troublesome to input data into the MRC program. Especially, there are 
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4.5.3 Evaluation of amount of time required 
The average time, the longest time, and the shortest time required for finishing all three 
training sessions are described in Figure 10. The results of the training program for the 
beginner groups include two different subject groups. The amount time required was 
different according to the subject and group, and depended on the accuracy of the risk 
analysis. The average time for the individual beginner and the beginner groups was not 
excessive and it is thought that people who have no previous MRC knowledge could 
complete this training easily. Even though the average time for the experienced groups was 
relatively long, people who are motivated can complete this training without problems. 
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The amount of time required when we applied MRC to the information leakage problem for 
the first time was approximately 150 hours. The reasons why the amount of time needed for 
the training sessions was much shorter than our first application are described below. 
(1) The amount of time was short for the individual beginner and beginner groups because 
the subjects used a template.  
(2) The students of Tokyo Denki University and Chuo University who applied MRC to the 
information leakage problem as experienced groups did not have to conduct step 2, 
“Analyze the object,” because they had already finished this step while in their beginner 
groups. Furthermore, the subjects could easily make fault trees, obtain parameters, and 
select the measures by referring to the results of the first risk analysis. Therefore, we 
concluded that we could shorten the amount of time required to apply MRC in the second 
or later analysis by using the results of the first risk analysis if the same object is to be 
analyzed. 
(3) The students of the Institute of Information Security who applied MRC to the problem of 
the fabricated TV show report had a limited scope of the risk. Even though there are many 
reasons why the fabricated report occurred, the subjects focused on one cause for their fault 
tree analysis. Furthermore, parameters such as the probability of the lowest event or cost of 
measures were not very accurate. The amount time was short for the reasons listed above. 

 
4.5.4 Advantage of Education of MRC 
Figure 11 shows that subjects can learn more about risks such as information leakage after 
using the MRC program. Understanding the risk for a beginner is more difficult than for the 
others because it requires more time for the subjects to comprehend the background of the 
risk. However, the subjects are capable of learning about risks in the beginner groups during 
the process of deciding the value of personal information, discussing the effective measures, 
and filling in the blanks of the fault tree. The subjects in the experienced groups also can 
learn about risk during the MRC application process. 
Subject comments about understanding risk are provided below: 
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The amount of time required when we applied MRC to the information leakage problem for 
the first time was approximately 150 hours. The reasons why the amount of time needed for 
the training sessions was much shorter than our first application are described below. 
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4.5.4 Advantage of Education of MRC 
Figure 11 shows that subjects can learn more about risks such as information leakage after 
using the MRC program. Understanding the risk for a beginner is more difficult than for the 
others because it requires more time for the subjects to comprehend the background of the 
risk. However, the subjects are capable of learning about risks in the beginner groups during 
the process of deciding the value of personal information, discussing the effective measures, 
and filling in the blanks of the fault tree. The subjects in the experienced groups also can 
learn about risk during the MRC application process. 
Subject comments about understanding risk are provided below: 
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The amount of time required when we applied MRC to the information leakage problem for 
the first time was approximately 150 hours. The reasons why the amount of time needed for 
the training sessions was much shorter than our first application are described below. 
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4.5.4 Advantage of Education of MRC 
Figure 11 shows that subjects can learn more about risks such as information leakage after 
using the MRC program. Understanding the risk for a beginner is more difficult than for the 
others because it requires more time for the subjects to comprehend the background of the 
risk. However, the subjects are capable of learning about risks in the beginner groups during 
the process of deciding the value of personal information, discussing the effective measures, 
and filling in the blanks of the fault tree. The subjects in the experienced groups also can 
learn about risk during the MRC application process. 
Subject comments about understanding risk are provided below: 

Application and Education of “Multiple Risk Communicator” 473

 

1.64

2.31
2.63

1.00

2.00

3.00

4.00

5.00

Evaluation of convenience of M RC  program

(E
va

lu
at

io
n)

Education m ethod for beginners

Education m ethod for beginner groups

Education m ethod for experienced groups

 
Fig. 8. Evaluation of the convenience of the MRC program 
 

30

15
12

5 4 3 3
1

0

5

10

15

20

25

30

Im provem ent of M RC program

(N
um

be
r)

Inputting data is troublesome
User interface is not good
There are some bugs and crashes
It is hard to specify which constraints are strict when the optimal solution does not exist
It is hard to specify the error
Processing is slow
Display of optimal solution is not good
It is hard to confirm if the input is correct

 
Fig. 9. Suggested improvements for the MRC program 

 
4.5.3 Evaluation of amount of time required 
The average time, the longest time, and the shortest time required for finishing all three 
training sessions are described in Figure 10. The results of the training program for the 
beginner groups include two different subject groups. The amount time required was 
different according to the subject and group, and depended on the accuracy of the risk 
analysis. The average time for the individual beginner and the beginner groups was not 
excessive and it is thought that people who have no previous MRC knowledge could 
complete this training easily. Even though the average time for the experienced groups was 
relatively long, people who are motivated can complete this training without problems. 
 

 

4.88

8.13

2.00

6.37

10.33

3.50

13.67

21.00

9.00

0.00

5.00

10.00

15.00

20.00

25.00

Average The longest The shortest

(H
ou

rs
)

Education m ethod for beginners
Education m ethod for beginner groups

Education m ethod for experiencd groups
 

Fig. 10. Amount of time required for training 
 
The amount of time required when we applied MRC to the information leakage problem for 
the first time was approximately 150 hours. The reasons why the amount of time needed for 
the training sessions was much shorter than our first application are described below. 
(1) The amount of time was short for the individual beginner and beginner groups because 
the subjects used a template.  
(2) The students of Tokyo Denki University and Chuo University who applied MRC to the 
information leakage problem as experienced groups did not have to conduct step 2, 
“Analyze the object,” because they had already finished this step while in their beginner 
groups. Furthermore, the subjects could easily make fault trees, obtain parameters, and 
select the measures by referring to the results of the first risk analysis. Therefore, we 
concluded that we could shorten the amount of time required to apply MRC in the second 
or later analysis by using the results of the first risk analysis if the same object is to be 
analyzed. 
(3) The students of the Institute of Information Security who applied MRC to the problem of 
the fabricated TV show report had a limited scope of the risk. Even though there are many 
reasons why the fabricated report occurred, the subjects focused on one cause for their fault 
tree analysis. Furthermore, parameters such as the probability of the lowest event or cost of 
measures were not very accurate. The amount time was short for the reasons listed above. 

 
4.5.4 Advantage of Education of MRC 
Figure 11 shows that subjects can learn more about risks such as information leakage after 
using the MRC program. Understanding the risk for a beginner is more difficult than for the 
others because it requires more time for the subjects to comprehend the background of the 
risk. However, the subjects are capable of learning about risks in the beginner groups during 
the process of deciding the value of personal information, discussing the effective measures, 
and filling in the blanks of the fault tree. The subjects in the experienced groups also can 
learn about risk during the MRC application process. 
Subject comments about understanding risk are provided below: 
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(1) “I could learn many routes of information leakage such as from printed material, USB 
memory chips, or by internal and external networks after investigating the reports. As a 
result, I understand more about the information leakage problem.” 
(2) “Although I already had a basic understanding of the conflict of opinions among the 
chief executive officer, employees and customers before the training program, I now realize 
the difficulties involved in balancing the cost and employee’s burden because of this 
training.” 
According to comment (1), MRC is effective for understanding the risk. In addition, 
according to comment (2), MRC is effective for understanding the conflicting participant 
opinions. It is thought that the subjects were better able to understand risk through the 
process of discussing parameters such as the cost of measures and the degree of burden on 
the convenience and privacy of employees as well as by conducting risk communication to 
decide an optimal combination of measures.  
As noted above, MRC is considered to be effective for understanding the risk and conflict of 
participant opinions. We intend to consider a specific method for helping the subjects learn 
risk by using MRC in the future. 
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1. Introduction 

The use of real time full scope simulators had proven trough the years, to be one of the most 
effective and confident ways for training power plant operators. For instance, using 
simulators the operators can learn how to operate the power plant more efficiently, during a 
lowering of the heat rate and the reducing of the power required by the auxiliary 
equipment. A cost-benefit analysis of simulators used at fossil fuel power plants identifies 
benefits or savings in four categories: availability, thermal performance, component life, and 
environmental compliance. Specifically in Mexico, in a period of 14 years, the use of 
simulators for operators training has estimated savings of 750 millions dollars for the power 
plants (Burgos, E. 1998). Additional benefits using training simulators are: the reliable 
operation of the power plants is guaranteed, the number of operation faults due human 
errors is reduced, it can be possible to enable the operation personnel to respond to critical 
situations as emergency or failures cases, and the efficiency of power plants generation by 
improvements in its operation is increased. In general, the following problems are present in 
training centers: high demand of qualified operation personal, necessity of modern systems 
of qualification that guarantee an integral training with a high degree of quality, and 
optimize time and available resources. 
Otherwise, according to the Mexican Federal Government (2001), Mexico holds third place 
on a worldwide scale regarding installed geothermal capacity (850MW), more than 2% of 
the total capacity in the country. It is estimated that the geothermal potential in México, for 
hydrothermal systems of high enthalpy (temperatures above 180oC) will allow generate at 
least 2400 MWe. Some researchers have roughly estimated that hydro thermal enthalpy 
reserves could produce at least 20,000 MWt. 
In the 2000, the Instituto de Investigaciones Eléctricas (Electric Research Institute, México, IIE) 
started a program to equip to the Geothermal Simulation Training Center (CESIGE) of the 
Federal Commission of Electricity (CFE), with modern training simulators using advanced 
technologies like modern Human Machine Interfaces (HMI), wireless technology networks, 
graphical modeling of Control Systems, etc. Thus, in 2000 year, the IIE developed a full 
scope hard panel simulator of a 110 MW geothermal power plant, see figure 1, executing on 
a Compaq DS10 Workstation. This geothermal power plant simulator was re-hosted in 2005 
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and now is executed on a PC network. Also, in the 2005 the IIE developed a Multiple 
Simulator to be used in classroom, taking as reference the Simulator based on PC network. 
In 2006 year, the IIE developed a full scope Operator Training Simulator tacking as reference 
a modern 25MW geothermal power unit, and based on a Distributed Control System (DCS). 
In this chapter we present the methodology used to develop the three CESIGE simulators, 
and the main features describing each one. For example, the full scope 110 MW geothermal 
power plant simulator has as main goals: to train operators in start-up and shutdown 
normal plant conditions, to learn how to deal with no normal power plant operation as 
malfunctions. The Multiple Geothermal Power Plant Simulator is designed to be used on a 
wireless and local area network, and its main goals are: to improve the assimilation of 
physical principles, to practice infrequent evolutions, faulted conditions or any operative 
action, even the user can make an unit start-up from cold to full load conditions, or an unit 
shutdown. The Multiple Simulator has the same process and control mathematical models 
than the full scope simulator, thus its precision and reliability in steady states and transients 
are guaranteed. The multiple and full scope simulators have full compatibility in software 
and personal computers, thus any modification in the software functions, mathematical 
models or simulation scenarios, can be upgraded in an easy way in both simulators. 
Finally, we present the development of the Full Scope Training Simulator for the Cerro Prieto 
IV 25 MW Geothermal Power Plant. The concept of Full Scope used in this chapter means 
that the simulator is an exact replica of the geothermal power plant and reproduces its 
behavior as well, even with the malfunctions simulated. As in the power plant, the 
simulator is operated from the screens of a Distributed Control System (DCS). The concept 
of DCS means that the geothermal power plant control is now distributed in Programmable 
Logic Control Units instead of central control, as control boards, and communicated 
following the communication system protocol of commercial DCS used in the actual power 
plant. The simulator models were developed using a standard FORTRAN Intel 9.1 language 
package, the Human Machine Interface (HMI) was developed using Windows C# package 
and the control system model was modeled using a Graphical Modeling Control System. 
This methodology to develop the control system using a translator has as main  advantages: 
high fidelity in dynamics due to the adjustments in process models in order to have the 
same response as in the actual plant, it allows an accessible and easy way to adjust, to 
correct and to up grade the control system and process models modifications. The main 
features and components (process and control modeling, real time software and hardware) 
of three simulators are described in the following sections.  

 
2. Development of Operator Training Simulators in the Geothermal 
Simulation Training Center (CESIGE) 

The CESIGE aims to train operators of geothermal plants to improve the productivity of 
these plants. This Center is situated outside of Cerro Prieto Geothermal Power Plants. The 
initial expectations of the CESIGE have been totally accomplished. Avalos (2005) reports 
that the Training Center has given a service that represents more than four times the 
national average of training hours per capita. Also, the yearly goal for the labor achievement 
certification was overtaken by more than 400%. 
CESIGE attends not only all the operation workers of the geothermal power plants in 

 

México (Cerro Prieto, Los Azufres, and Tres Vírgenes), but also it offers a regular training 
service to Compañía LaGeo of El Salvador, besides other not operation workers of CFE.  
According to the statistics from CESIGE, for the Cerro Prieto Power Plants, the number of 
power plant trips due to human errors and also the percentage of this kind of trips 
regarding the total numbers of trips have been diminishing through the time since 2000 
when the Center began its training program. Avalos (2005) argues that the operational cost 
of CESIGE is inferior to the cost of the non generated energy because of trips due to human 
errors (considering only Cerro Prieto Power Plants). 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
Fig. 1. The 110MW Geothermal Simulator 
 
Certainly a more rigorous procedure is needed to determinate the significance of the 
training on the improving of the operation performance (historical data, information from 
other power plants, details of trips, etc.). However these preliminary statistics glimpse a 
good role of the training on the operational methodologies. 
 
3. General Methodology of Simulation 

Generally, the development of Operator Trianing Simulators is a very complex task, because 
the operator does not have to realize of the differences between the real process and the 
simulated process, as well as of its operation.The Electrical Research Institute has developed 
three simulators for the CESIGE between 2000 and 2006 years. These simulators have 
allowed to CESIGE to be a successful training center in the geothermal domain in Mexico. 
The methodology used by the Department of Simulation consists basically on the 
development of two areas: Modelling (process and control models), and a software 
simulator platform (real time executive program, data bases, graphical tools) developed as 
own applications. 

 
3.1 The first 110 MW Geothermal Simulator 
The plant behavior is simulated by 11 mathematical models that represent the physical 
systems, and 11 digital and logical control models. The simulated systems are lubrication 
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a modern 25MW geothermal power unit, and based on a Distributed Control System (DCS). 
In this chapter we present the methodology used to develop the three CESIGE simulators, 
and the main features describing each one. For example, the full scope 110 MW geothermal 
power plant simulator has as main goals: to train operators in start-up and shutdown 
normal plant conditions, to learn how to deal with no normal power plant operation as 
malfunctions. The Multiple Geothermal Power Plant Simulator is designed to be used on a 
wireless and local area network, and its main goals are: to improve the assimilation of 
physical principles, to practice infrequent evolutions, faulted conditions or any operative 
action, even the user can make an unit start-up from cold to full load conditions, or an unit 
shutdown. The Multiple Simulator has the same process and control mathematical models 
than the full scope simulator, thus its precision and reliability in steady states and transients 
are guaranteed. The multiple and full scope simulators have full compatibility in software 
and personal computers, thus any modification in the software functions, mathematical 
models or simulation scenarios, can be upgraded in an easy way in both simulators. 
Finally, we present the development of the Full Scope Training Simulator for the Cerro Prieto 
IV 25 MW Geothermal Power Plant. The concept of Full Scope used in this chapter means 
that the simulator is an exact replica of the geothermal power plant and reproduces its 
behavior as well, even with the malfunctions simulated. As in the power plant, the 
simulator is operated from the screens of a Distributed Control System (DCS). The concept 
of DCS means that the geothermal power plant control is now distributed in Programmable 
Logic Control Units instead of central control, as control boards, and communicated 
following the communication system protocol of commercial DCS used in the actual power 
plant. The simulator models were developed using a standard FORTRAN Intel 9.1 language 
package, the Human Machine Interface (HMI) was developed using Windows C# package 
and the control system model was modeled using a Graphical Modeling Control System. 
This methodology to develop the control system using a translator has as main  advantages: 
high fidelity in dynamics due to the adjustments in process models in order to have the 
same response as in the actual plant, it allows an accessible and easy way to adjust, to 
correct and to up grade the control system and process models modifications. The main 
features and components (process and control modeling, real time software and hardware) 
of three simulators are described in the following sections.  

 
2. Development of Operator Training Simulators in the Geothermal 
Simulation Training Center (CESIGE) 

The CESIGE aims to train operators of geothermal plants to improve the productivity of 
these plants. This Center is situated outside of Cerro Prieto Geothermal Power Plants. The 
initial expectations of the CESIGE have been totally accomplished. Avalos (2005) reports 
that the Training Center has given a service that represents more than four times the 
national average of training hours per capita. Also, the yearly goal for the labor achievement 
certification was overtaken by more than 400%. 
CESIGE attends not only all the operation workers of the geothermal power plants in 

 

México (Cerro Prieto, Los Azufres, and Tres Vírgenes), but also it offers a regular training 
service to Compañía LaGeo of El Salvador, besides other not operation workers of CFE.  
According to the statistics from CESIGE, for the Cerro Prieto Power Plants, the number of 
power plant trips due to human errors and also the percentage of this kind of trips 
regarding the total numbers of trips have been diminishing through the time since 2000 
when the Center began its training program. Avalos (2005) argues that the operational cost 
of CESIGE is inferior to the cost of the non generated energy because of trips due to human 
errors (considering only Cerro Prieto Power Plants). 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
Fig. 1. The 110MW Geothermal Simulator 
 
Certainly a more rigorous procedure is needed to determinate the significance of the 
training on the improving of the operation performance (historical data, information from 
other power plants, details of trips, etc.). However these preliminary statistics glimpse a 
good role of the training on the operational methodologies. 
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Generally, the development of Operator Trianing Simulators is a very complex task, because 
the operator does not have to realize of the differences between the real process and the 
simulated process, as well as of its operation.The Electrical Research Institute has developed 
three simulators for the CESIGE between 2000 and 2006 years. These simulators have 
allowed to CESIGE to be a successful training center in the geothermal domain in Mexico. 
The methodology used by the Department of Simulation consists basically on the 
development of two areas: Modelling (process and control models), and a software 
simulator platform (real time executive program, data bases, graphical tools) developed as 
own applications. 
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oil, condensed and circulation water, cooling water, service water, drains, seals steam, gases 
extraction, services and control air, electric generator, electric network, and steam turbine. 
The simulation code for all the models were developed by the IIE in FORTRAN 77 language 
using basic physical principles. So, each mathematical model, is described by a system of 
differential and algebraic equations, and they were designed to work under a full range of 
operation. This means from 0% to 100% of load including all the possible transients during 
an operational session in the actual plant. The control models (divided in logical and 
analogical controls) were developed using VisSim tool as a graphical interface and 
translating the code generated by VisSim into an ANSI C code. The mathematical modeling 
started with the required design information analysis, followed by the systems functional 
description, definition of model-model and model-panels interactions, mathematical 
formulation, codifying and testing to validate the predefined scope. All steady and transient 
states defined as acceptance tests were carried out. The development and integration 
methodologies for all the specific areas of the simulator (mathematical modeling, numerical 
analysis, real time and instruction software, communications and acquisition data system, 
acceptation tests, model and system integration, documentation, etc.) were designed and 
implemented by the IIE with support of the CFE. Panels, instrumentation, computers and 
peripherals were acquired from external providers. The project was divided in four 
technical stages: 1) Software, 2) Modeling, 3) Local Test, and 4) Final Tests. Figure 1 shows a 
view of the 110 MW Geothermal Simulator, the first one developed for CESIGE. 

 
4. Re-hosting the 110 MW Geothermal Power Plant Simulator (GPPS) 

The original simulator was re-hosted to up-date the hardware and software platforms, thus 
we will give the implementation details to modernize the original Geothermal Hard Panel 
110 MW Simulator 

 
4.1 Original Hardware configuration 
The simulator architecture in its Unix version was integrated by 4 computers working on line 3 
Work Stations (WS) and 1 PC, and one more Work Station used as backup and software 
maintenance on the simulator. The first WS on line was the Instructor Console Node where the 
HMI with two monitors was hosted to control the simulation sessions via the normal simulators 
functions listed below. The second WS on line was the Real Time Node where the synchronous 
tasks were executed (mathematical models, real time control of the simulation which may be 
faster, slower or equal to real time, and synchronism of the global communication of the nodes). 
The last on line WS was the Input/Output (I/O) Processor that communicated the WS with the 
hard panels using a TCP/IP protocol on an Ethernet network and controlled the communication 
between the simulator nodes. The PC on line was in charge to produce the noises and sounds for 
the control room environment (according the status of the simulated plant, for example, sounds 
of the circulation pumps when were turned on or off, the sound of the turbine or the sound of the 
steam valves discharging to the atmosphere). The Geothermal Power Plant Simulator (GPPS) has 
a control room with 2 hard panels, see figure 1, (with distribution, environment, lighting and 
process sounds just like the existing in the actual plant control room). The panels-computers 
communication system had 13 I/O controllers (RTP 6700) that handle 1 analogical input signal, 
316 analogical output signals, 341 digital input signals and 805 digital output signals. The original 
hardware configuration is presented in Figure 2. 

 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 2. Hardware Former Configuration 
 
4.2 Original Software configuration 
The simulation software environment system consists of a real time executive system, in 
charge of executing and coordinating the real time tasks, to sequence the dynamic 
applications (including the instructor console and models programs), to run the program of 
sounds, and I/O program, the data base and an HMI for the instructor console and 
interactive process diagrams (DPI). 

 
4.3 Original Models 
The algebraic and differential equations of the models were executed sequentially. Each 
execution second was divided into eight periods of 0.125 sec. Thus, a model could be 
executed with an integration step of 0.125 sec, 0.25 sec, 0.5 sec or 1 second. The Sequence 
Matrix (SM) indicates the precedence of execution of the models (scheduler), the integration 
method and integration step of each model, and the period of execution of each model. The 
integration step and method were calculated using a multi-step process applied on a 
transient "difficult to solve" for the mathematical method followed with a proper stability 
analysis. 
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4.4 Present Hardware Configuration 
Currently, the hardware of the GPPS consists primarily in one PC for the simulation node 
where the instructor console is installed with two monitors for the simulation control. 
Additionally, one more PC is used as backup and as testing and development node. The 
control room is the same existing in the Unix version but some instrumentation was 
emulated by PC screen displays. The communication system uses the same equipment for 
the acquisition system but a new program for the I/O driver protocol was designed and 
implemented. Two more PCs are used to process the information displayed in the screen 
displays. With these improvements in the instrumentation, the number of signals processed 
by the I/O cards is 1 analogical input signal, 189 analogical output signals, 341 digital input 
signals and 805 digital output signals. All these control room and communication features of 
the GPPS is described by Roldan and Mendoza, ( 2006). The global new configuration is 
schematically presented in Figure 3 
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4.5 Present Software Configuration 
The software system was completely rewritten on C# language under Visual Studio .Net 
2005 and it is based on a real time executive system to synchronize and to control the 
execution of the different parts of the simulator. The tasks of the executive systems are: to 
initialize the global structures of the simulator, to coordinate the instructor console 
functions, to initiate the panel’s I/O applications, to activate the DPIs, to execute the models 

 

code, and to manage the threads for the sounds and new display instrumentation (Jiménez 
and Parra, 2005). The instructor console executes the simulator control functions as: 
simulation status (run, freeze, end of session); establishment of initial conditions; handle of 
generic and special malfunctions; handle of external and internal parameters; instruments 
inhibition; plotting of variables; creation of automated training sessions; backtrack; replay; 
control of speed of simulation (fast time or slow time); training session supervision; 
hardware override; diagnosis of the components of the hard panels, etc. In the DPI’s, 
developed with Macromedia Flash, not only selected variable values are displayed and 
dynamic colors changes to show the equipment status, but also malfunctions and actions on 
specific equipment (pumps, valves, etc.) may be performed with the computer’s mouse. 
Besides, in the standard simulation functions, there exists a program to allow tabulation of 
variables (for plotting off line) and to monitor or to change of any global variable. The 
programs of the simulator are communicated using an Access Data Base structure where all 
the simulator variables are properly organized in order to facilitate both, the communication 
processes and the simulator’s maintenance. All the simulator programs are grouped to form 
the Simulation Environment, a proprietary program of the IIE (Jimenez et al, 2006). 

 
5. The 110 MW Geothermal Power Plant Multiple Simulator 

The geothermal multiple simulator (MOST) has a capacity to train from one to six operators 
simultaneously, each one with an independent simulation session. The sessions must be 
supervised by only one instructor. The main parts of this multiple simulator are: instructor 
and operator’s stations. On the instructor station, the instructor controls the simulation 
sessions, establishes training exercises and supervises each power plant operator in 
individual way. This station is hosted in a Main Personal Computer (NS), see figure 4 and 
its main functions are: to set initial conditions, snapshots, malfunctions or faults, monitoring 
trends, and process and soft-panel diagrams. On the other hand, the operators carry out 
their actions over the power plant simulated on the operator’s stations, E01, E02, see figure 
4; each one is also hosted in a PC. The main software of instructor and operator’s stations are 
executed on the same NS and displayed in PCs through graphical Interactive Process 
Diagrams. The advantages of no replica simulators as the MOST presented in this chapter, 
are described by (Fray, R., and Divakaruni, M.,1995). Besides its lower cost, the authors 
claim that the use of a single-user compact simulator helps the operators to reduce heat rate 
by ¼ to ½ percent. Recently it was launched a generic power plant simulator utilizing web 
technology; this system includes authoring tools and allows practice under the guidance of a 
virtual instructor or a free-hands mode, see (SIMnews 17, 2003)]. 
 
The MOST was designed to be used in a wireless and local area network, and its goals are: 
to improve the assimilation of physical principles, to practice infrequent evolutions, faulted 
conditions or any operative action, even the user can make an unit start-up from cold iron to 
full load conditions, or an unit shutdown. The MOST has the same process and control 
mathematical models than the full scope simulator, thus its precision and reliability in 
steady states and transients are guaranteed. The multiple and full scope simulators have full 
compatibility in software and personal computers, thus any modification in the software 
functions, mathematical models or simulation scenarios, can be upgraded in an easy way in 
both simulators. 
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5.1 Geothermal Multiple Simulator Architecture 
Figure 4 shows the MSOT architecture. The Instructor Station resides on a Main Personal 
Computer, called NS. The NS is a PC with a 1.2 GHz Pentium IV processor, 80 GB hard disk, 
1 GB RAM and Windows XP. This NS executes the most of simulator tasks, it represents 
the instructor station and works as the trainee’s PCs server. The trainee’s stations (E01 and 
E02) are PCs with a 800 MHz Pentium III processor, 20 GB hard disk, 128 MB RAM, 
Windows XP and Flash Macromedia as main software. Each operator or trainee PC 
executes mainly three tasks: panel of alarms, PC identification software and the display of 
Interactive Process Diagrams. The local area network is based on a wireless Ethernet 
communication protocol. With this configuration, the MSOT by now, has capacity for 
driving up to six operators or trainees simultaneously and it has a capacity to support up to 
ten operators depending on the hardware acquisitions from CESIGE. 
 
   
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Fig. 4. Geothermal Multiple Simulator (MOST) Architecture 
 
5.2 Instructor Console 
The instructor station is a graphic interface used by the instructor to manage the simulation 
session for each one of the operators, it is entirely executed in the NS. Figure 5 shows a 
partial view of instructor station monitor. The lower section shows that one operator station 
will be executed with its process diagrams, and the upper section contains the buttons for 

 

sending commands for each one of the simulation sessions. These buttons have the 
following functions: Control Menu, Initial Condictions menu and Instruction Functions 
(FAL to introduce malfunctions, INT to introduce internal parametres or local operations, 
EXT to modify external parametrs as ambiental temperature atmosferic pressure , AUT to 
introduce automatic exercises, and FET to run the simulator faster/lower than real time). 

 
5.3 Process Monitoring 
The instructor has three ways for monitoring the simulation sessions of each trainee: (DPI 
button to invocate the Operator Console, GRA and MON buttons to invocate graphs and 
main process monitoring files respectively) 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 5. Geothermal Multiple Simulator Instructor Station 

 
5.4 Operator’s Station 
The operators carry out their operation actions over the power plant simulated in the 
operator’s stations E01 and E02. The main software of the trainee’s stations are executed in 
NS and displayed in the PCs through the Explorer Navigator. A partial view of a trainee 
station is shown in Figure 6. In this Figure are distinguished the following sections: 
(PLANTA shows the Diagram Menu, ALA serves to invocate the Alarm List, JER. 
VERTICAL shows the Diagram menu in vertical hierarchy , JER. HORIZONTAL show 
Diagram menu in horizontal hierarchy, SALIR button to exit of the simulation session). 

 
5.5 Geothermal Multiple Simulator Models 
The main components of the 110 MW geothermal power plant simulated are: steam station 
(from geothermal wells), steam dryers, tandem compound turbine, main condenser, 
vacuum compressors , 20kV electric generator, and services. The mathematical models of 
the simulator reproduce the behavior of the power plant in any feasible operation state. 
They are formed by algebraic-differential equations. The mathematical models are divided 
in two groups: process and control models. The process models represent the main physical 
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5.4 Operator’s Station 
The operators carry out their operation actions over the power plant simulated in the 
operator’s stations E01 and E02. The main software of the trainee’s stations are executed in 
NS and displayed in the PCs through the Explorer Navigator. A partial view of a trainee 
station is shown in Figure 6. In this Figure are distinguished the following sections: 
(PLANTA shows the Diagram Menu, ALA serves to invocate the Alarm List, JER. 
VERTICAL shows the Diagram menu in vertical hierarchy , JER. HORIZONTAL show 
Diagram menu in horizontal hierarchy, SALIR button to exit of the simulation session). 

 
5.5 Geothermal Multiple Simulator Models 
The main components of the 110 MW geothermal power plant simulated are: steam station 
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vacuum compressors , 20kV electric generator, and services. The mathematical models of 
the simulator reproduce the behavior of the power plant in any feasible operation state. 
They are formed by algebraic-differential equations. The mathematical models are divided 
in two groups: process and control models. The process models represent the main physical 
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phenomena; they are formulated on the basis of momentum, heat and mass conservation 
principles. These models are divided in a similar but not identical way like they are in the 
actual power plant. Examples of modules names are: steam station, main steam, high 
pressure turbine, cooling water, lube oil and electric network. In order to customizing the 
modules to the actual power plant, each one of the equipment (i. e. valves, pumps, fans, heat 
exchangers, stages turbines, etc.), are characterized with design and operation data. 
For solving algebraic non-linear equations, the Newton-Raphson methods are used. The 
differential equations are solved with fixed step-size Euler integration methods. The control  
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models simulate the coordinate control system of the actual plant. These models are 
organized in: control systems, control groups and design control sheets.  
A general task is executed by the control systems, for example, main steam control system 
and main condenser level control. Control systems are constituted by a set of control groups 

and each control group does a specific task, for example, MW and turbine speed control and 
cold water pump subgroup control, etc. The control groups are formed by one or several 
design control sheets where each one of these sheets has the logic or analogical control 
loops. The process and control models are solved by a modular sequential approach. 
The precision and reliability of the models has been widely tested by the instructors of the 
CESIGE, (Romero, G. and Salinas, M., 2004), (Patiño et al 2004). 

 

5.6 Validation and Results of the Geothermal Multiple Simulator 
A multiple simulator for a geothermal power plant using wireless technology has been 
described. This simulator was developed and it was designed for being installed in a 
wireless local area network and can be used from one up to six users simultaneously, each 
one with an independent simulation session. The sessions must be directed by an instructor. 
For each operator, the instructor can start each operator’s session with the same or different 
initial condition, can introduce the same or different malfunctions and can ask for different 
operation actions, with not interference among them. From his station, the instructor can 
supervise any session with the same monitoring tools available for the users. To accomplish 
the operation actions required in the simulation session, the trainee has Interactive Process 
and soft-panels diagrams. These diagrams are fully interactive, and represent the whole 
simulated plant, so the user can practice any feasible operation, from plant out of service up 
to full load. The wireless technology, used for first time in our simulators, to connect all PCs 
in the multiple simulator allows a great flexibility to use it in a typical classroom, in a 
auditorium, or even near the real geothermal power plant, thanks to its capacity to be 
moved (Romero G. et al, 2008). 
 
6. The 25MW Geothermal Power Plant Simulator. 

This section deals with the development of the Full Scope Training Simulator for the Unit 1 of 
the Cerro Prieto IV 25MW Geothermal Power Plant (Romero, G, et al 2009). The concept of Full 
Scope used in this paper means that the Simulator is an exact replica of the geothermal power 
plant and reproduces its behavior as well, even with the malfunctions simulated. As in the 
power plant, the simulator is operated from screens of a Distributed Control System (DCS). 
The concept of DCS means that the geothermal power plant control is now distributed in 
Programmable Logic Control Units instead of central control, as control boards, and 
communicated following the communication system protocol of commercial DCS used in the 
actual Power Plant. The simulator models were developed using a standard FORTRAN Intel 
9.1 language package, the HMI was developed using Windows C# package and the DCS was 
modeled using Graphical Modeling System developed at the Electrical Research Institute.  
This methodology to develop the control system using the Graphical Modeling Control 
System has as main  advantages: high fidelity in dynamics due to the adjustments in process 
models have the same response as in the actual plant, it allows an accessible and easy way to 
adjust, to correct and to up grade the control system and process models modifications. The 
following sections describe the simulator architecture, the process models and the Graphical 
Modeling Control System model used to develop the Cerro Prieto-IV 25MW Geothermal 
Power Plant Simulator. 
 
6.1 Architecture of the Modern 25MW Geothermal Power Plant Simulator 
The simulation software, defined by (Jimenez-Fraustro 2005), consists of a real time system 
dedicated to control and to sequence the different simulator tasks, namely: instructor 
console, interfaces communication system, mathematical models and the digital control 
system model. All the software programs are written in C# language, the process 
mathematical models are written in Fortran language and the DCS model was developed 
using a Graphical Modeling System, written also in C#. One of the aims of the project was to 
have a simulator with a modern hardware-software platform, see (Tavira et al. 2008). The 
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computing power and low cost of personal computers (PC), was the basis to select them as 
compute platform. Regarding the operating system, Windows XP was selected based on 
aspects of: portability, easiness of coding and available software for developing graphical 
interfaces. The software packages used and required are: Windows Installer Framework 2.0, 
Microsoft Visual Studio .Net 2007, DirectX 9.0 and Fortran Intel 9.1. 

 
6.2 Hardware architecture of the 25MW Geothermal Power Plant Simulator 
The computer platform of the simulator consists of five Personal Computers interconnected 
through a fast Ethernet wireless local area network. Each PC has a Pentium IV processor 
with 3.8 GHz, 1 GB of memory, and Windows XP as operating system. The figure 7 shows 
a schematic of this architecture. The IC station is an instructor console with two 19” 
monitors, the OC1and OC2 are operator consoles or stations, each one has two 19” monitors; 
the AD is an auxiliary operator console with two 50” in monitors. The operator can use 
anyone of the OC1, OC2 and AD for monitoring and controlling any system of the 
simulated power plant. There is an additional PC, called AC maintenance station, which is 
used as a backup in the case IC is out of service, or it is used as a test station, this means that 
any software or process and control models modifications are tested and validated before 
any change can be done in the simulator. Therefore, this station must have all the software 
necessary to modify every simulator application. However, the IC, OC1, OC2 and AD 
stations only use executable versions of the applications Microsoft Visual Studio .Net 2007. 
 

 
Fig. 7. Architecture hardware of the 25MW Geothermal Power Plant Simulator 

 
6.3 Software applications of the 25MW Geothermal Power Plant Simulator 
The software architecture of the simulation environment has three main parts: the real time 
executive program, the operator module, and the instructor console module, based on the 
work of (Jimenez-Fraustro, 2005). Each of these modules is hosted in a different PC, and 
they are communicated through TCP/IP protocol. All the modules of the simulation 
environment are programmed with C# language, with the exception of the Flash 
applications. A brief description of each module is shown in the next paragraphs. 

 

Real Time Executive Program. The real time executive coordinates all simulation functions; it 
is constituted for six modules: 
Module 1. Mathematical model launcher. Its function is to manage the execution sequence of 
each of the mathematical models. These models may be executed in a parallel scheme, with 
a distributed architecture of PCs or with a multi-core equipment. In this case is used the 
Task Parallel Library, which is designed for managing several applications in a multi-core 
equipment in a simple way. 
Module 2, Manager module for interactive process diagrams. This module executes the 
interactive process diagrams, provides the values of the variables, and receives/responds 
from/to the control commands messages of the operator module. Other functions of the 
module are to control the alarms system, to control the historical trends, to call the methods 
of each one of the equipment components (valve, pump, etc), to coordinate the timer for 
updating each one of the diagrams and to coordinate the sequence of events in the operation 
consoles. 
Module 3, Manager module for the global area of mathematical models. It is composed by a 
group of methods for initializing the global area of state variables belonging to the 
mathematical models, these values are located in a table loaded in memory for a fast access. 
This module also synchronizes the access when a parallel process attempts to connect it. 
Module 4, Manager module for the instructor console. This module receives and responds 
the commands from/to the instructor console (stop, freeze, malfunctions, etc.) and executes 
the tasks in a synchronized way during a simulation cycle. Thanks to the TCP/IP 
communication, this module may be hosted in a different PC of the instructor console. 
Module 5, Main module. This module manages all the functions of the former modules. 
Module 6, Data base driver. It is devoted to get, of each one of the data base tables, all the 
required information by the executive system 

 
6.4 The 25MW Geothermal Power Plant Simulator Process Models 
The process models developed in FORTRAN language Intel 9.1, were constructed in a 
rigorous way and are based on fundamental, lumped-parameter conservation of mass, 
energy, and momentum. All process models were constructed to be accurate over the entire 
range from cold iron to full-load operation. The executive program of the simulator, 
described above, coordinates the synchronization of models in a manner that is completely 
transparent to the instructor or operator trainee. All the process models operate as if they 
were a single executable program. The plant process is divided into three groups: the first 
group simulates the main systems as Turbine, Steam, an Condensation, the auxiliary 
systems are simulated in a second group; and a third group is used to simulate the electric 
system and generator. Examples of models for each group are: 1.- Main Turbine, Main 
Steam, Main Condensation System, Electro-hydraulic Control System. 2.- Auxiliary Systems 
as Vacuum System, Lube and Control Oil system, Gland Steam, Air instrument and 
Services, , Turbine Mechanics (Vibration and Supervisory System), and 3.- Electrical System, 
Excitation, Generator and Cool Generator System. 

 
6.5 The Control System Graphical Modeling 
This part is composed by three sub-systems: a) The dynamic constructor of control models, 
b) the Data Base Handler and c) the Graphic Visualization tool.  
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anyone of the OC1, OC2 and AD for monitoring and controlling any system of the 
simulated power plant. There is an additional PC, called AC maintenance station, which is 
used as a backup in the case IC is out of service, or it is used as a test station, this means that 
any software or process and control models modifications are tested and validated before 
any change can be done in the simulator. Therefore, this station must have all the software 
necessary to modify every simulator application. However, the IC, OC1, OC2 and AD 
stations only use executable versions of the applications Microsoft Visual Studio .Net 2007. 
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6.3 Software applications of the 25MW Geothermal Power Plant Simulator 
The software architecture of the simulation environment has three main parts: the real time 
executive program, the operator module, and the instructor console module, based on the 
work of (Jimenez-Fraustro, 2005). Each of these modules is hosted in a different PC, and 
they are communicated through TCP/IP protocol. All the modules of the simulation 
environment are programmed with C# language, with the exception of the Flash 
applications. A brief description of each module is shown in the next paragraphs. 

 

Real Time Executive Program. The real time executive coordinates all simulation functions; it 
is constituted for six modules: 
Module 1. Mathematical model launcher. Its function is to manage the execution sequence of 
each of the mathematical models. These models may be executed in a parallel scheme, with 
a distributed architecture of PCs or with a multi-core equipment. In this case is used the 
Task Parallel Library, which is designed for managing several applications in a multi-core 
equipment in a simple way. 
Module 2, Manager module for interactive process diagrams. This module executes the 
interactive process diagrams, provides the values of the variables, and receives/responds 
from/to the control commands messages of the operator module. Other functions of the 
module are to control the alarms system, to control the historical trends, to call the methods 
of each one of the equipment components (valve, pump, etc), to coordinate the timer for 
updating each one of the diagrams and to coordinate the sequence of events in the operation 
consoles. 
Module 3, Manager module for the global area of mathematical models. It is composed by a 
group of methods for initializing the global area of state variables belonging to the 
mathematical models, these values are located in a table loaded in memory for a fast access. 
This module also synchronizes the access when a parallel process attempts to connect it. 
Module 4, Manager module for the instructor console. This module receives and responds 
the commands from/to the instructor console (stop, freeze, malfunctions, etc.) and executes 
the tasks in a synchronized way during a simulation cycle. Thanks to the TCP/IP 
communication, this module may be hosted in a different PC of the instructor console. 
Module 5, Main module. This module manages all the functions of the former modules. 
Module 6, Data base driver. It is devoted to get, of each one of the data base tables, all the 
required information by the executive system 

 
6.4 The 25MW Geothermal Power Plant Simulator Process Models 
The process models developed in FORTRAN language Intel 9.1, were constructed in a 
rigorous way and are based on fundamental, lumped-parameter conservation of mass, 
energy, and momentum. All process models were constructed to be accurate over the entire 
range from cold iron to full-load operation. The executive program of the simulator, 
described above, coordinates the synchronization of models in a manner that is completely 
transparent to the instructor or operator trainee. All the process models operate as if they 
were a single executable program. The plant process is divided into three groups: the first 
group simulates the main systems as Turbine, Steam, an Condensation, the auxiliary 
systems are simulated in a second group; and a third group is used to simulate the electric 
system and generator. Examples of models for each group are: 1.- Main Turbine, Main 
Steam, Main Condensation System, Electro-hydraulic Control System. 2.- Auxiliary Systems 
as Vacuum System, Lube and Control Oil system, Gland Steam, Air instrument and 
Services, , Turbine Mechanics (Vibration and Supervisory System), and 3.- Electrical System, 
Excitation, Generator and Cool Generator System. 

 
6.5 The Control System Graphical Modeling 
This part is composed by three sub-systems: a) The dynamic constructor of control models, 
b) the Data Base Handler and c) the Graphic Visualization tool.  
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The dynamic constructor of control models have as main tasks: to complete the integration of 
data and functions (a software component consists in different values (states) and the 
functions that process these data). To build the libraries to analogical and logic components, 
(like PID controllers, logical gates, timers, etc.). To organize the component execution 
sequence, in order to avoid indeterminations. Instances of components inter-connected by 
mean of their input/output ports. To create structures in order to store component states 
and to have asynchronous initial conditions. To encapsulate components in order to hide 
details of implementation for users. Identity: each instance of a component has a unique 
identity. Polymorphism: the interfaces are described outside software implementation in a 
way that a code that requires an interface can use any component/object. This allows a great 
flexibility in the application design. The Data Base Handler consists of the control of 
component data base arranged as a hierarchical design. The control component data base 
has 340, 000 components and we have to implement algorithms to store and to recuperate 
information from data base in an optimal and efficient way. And The Graphic Visualization 
Tool (GVT) The GVT is a software application developed to visualize components in 
diagrams of the Simulator Control Model. This tool was very useful during the simulator 
development and adjustments because it allows to verify and to visualize signals, states, 
inputs, outputs and parameters of components. The GVT allows to disable diagrams, 
modules or components in a way that we can isolate components and to verify its behavior 
without the influence of all the control model. In figure 8, we show a diagram as it is 
visualized with the GVT and that were obtained from control diagrams using the Graphical 
Modeling Control System developed by the Electrical Research Institute. In this figure we 
see and test, for example the high selector component. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 

Fig. 8. A diagram of the DCS visualized with GVT 

 

6.6 The Distributed Control System Interface 
The replica of the DCS interface showed in figure 9, was developed following (Yamamori, 
2002), in the Microsoft.NET platform using as programming language the oriented object 
Microsoft Visual C# 2005. Using personalized user controls, each control has its grade states 
and they generate events for activation of the main control, associated to each device. The 
DCS interface was developed taking into account 5 sub-systems, as follow: 
 
The Component Editor defines the main characteristics for each element that integrates the 
control loop. We defined 9 elements that may constitute a control loop, be analogical or 
digital. The Device Editor defines the characteristics of devices used in control screens, like 
pumps, valves, displays, ventilators, switches, own methods in order to up. The Emulated 
Keyboard constitutes a fundamental device in the simulator for device operation from control 
loops in the control screens and for navigation options through control screens. This 
application emulates the real specialized keyboard for the geothermal plant operation, and 
can be personalized according system requirements. The Diagram and Control Loop 
Viewfinder take in charge of the dynamic generation from the XML files configuration of 
control screen dynamic instances, the communication with real time executive system 
software, the navigation and sub-system activation like alarms, events, tendencies, trip 
sequences, etc. The Tendency Viewfinder is in charge of of the configuration of tendency 
groups, where we define the signals and monitoring frequency. 
 

 
Fig. 9. Control Interface of Main Steam System 
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6.7 Validation and Result 
The Cerro Prieto-IV 25 MW Geothermal Simulator validation was carried out proving its 
response against the 12 operation procedures elaborated by CESIGE-CFE specialized 
personnel, denominated “Acceptance Simulator Test Procedures”, (Romero G. 2006). This 
validation has as primary targets: to verify that the simulator accomplish satisfactorily the 
operation conditions from cold iron to 100% of load; to satisfy the steady states of 25, 50, 75 
and 100% of the nominal capacity; to verify that the simulator has a correct behavior during 
the transients (with malfunctions included); and to guarantee the simulator robustness as a 
training system. The adjustment of the simulator was carried out from cold iron to 100% 
conditions. For example, Figure 10 and 11 show the trends of some critical variables in the 
Cerro Prieto-IV Simulator for Manual and Automatic geothermal power plant Start-up 
operations; the trnds of all the variables are according to the expected values 
 

 
Fig. 10. Cerro Prieto-IV 25 MW Goethermal Simulator, Manual power plant Start-Up 

 
7. Conclusions 

The Electrical Research Institute (IIE) has equipped CESIGE with three simulators using the 
top technology developed by the same IIE. These simulators are functional and have a 99% 
of availability to train operators. The 110 MW Geothermal Power Plant, the Multiple 110 
MW Power Plant and the 25MW Cerro-Prieto IV Geothermal Power Plant simulators were 
developed entirely by the IIE, developing own tools where the most important is the IIE 

 

generic software environment platform taken as a basis to develop these simulators, as well 
as other ones.  
The main results show that CESIGE cover all training necessities and have additional 
capacity to train other operators from external geothermal power plants (form example, 
from Republic El Salvador). New software applications were developed to accomplish the 
simulators development: a new model of the Distributed Control System, based on 
Graphical Modelling Tools, having finally in the simulators exactly the same actual plant 
dynamics responses, as is showed in figures 10 and 11. 
 

The future research is focused on the improvement in tasks that we still do in a manual way, 
for example TRANSDUC application that links process models with DCS model, we use a 
list of digital/analogical inputs/outputs to feed the control system, we complete that list 
and we generate a software application to be executed by the executive program, and we 
want to improve this task, executing the TRANSDUC application as a part of the control 
graphical modelling of the DCS. 
 

 
Fig. 11. Cerro Prieto-IV 25 MW Goethermal Simulator, Automatic power plant Start-Up 
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Fig. 11. Cerro Prieto-IV 25 MW Goethermal Simulator, Automatic power plant Start-Up 
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This chapter presents a pseudo floating-gate (PFG) inverter. The PFG inverter is made bi-
directional by simply controlling the reference voltages of the inverter. Moreover, the bi-
directionality of the gate is further evolved to be able to control the signal flow direction. 
Different circuits implementing the bi-directionality of the PFG gates are presented and 
finally a reversible converter is demonstrated. 

 
1. Floating-Gate 
 

Floating-gate technology had its beginning in the late sixties, and is now becoming a mature 
technology. Kahng and Sze first proposed the concept of a floating-gate device in 1967 [1]. 
The first commercially available floating-gate based memory, the floating-gate avalanche-
injection MOS device (FAMOS) was developed in 1970 [2]. Since then floating-gate 
transistors have been used extensively as non-volatile memory elements [3]. The number 
and variety of nonvolatile memory circuits, such as EPROMs, EEPROMs and Flash have 
been steadily growing. As well as being memory elements, floating-gate transistors can also 
be used as computational elements [4]. Although the majority of the research reported in the 
field of floating-gate pertains to the non-volatile types, it is not necessarily given that a 
volatile floating-gate is not useful. 

 
1.1 Non-volatile Floating-Gate 
A floating-gate transistor is simply a normal MOS transistor, except that the gate terminal is 
electrically isolated and has no DC path to a fix potential: hence, the name floating. The gate 
is completely surrounded by SiO2, a high quality insulator, which provides and creates a 
potential barrier that prevents charge stored on the floating-gate from leaking. Furthermore, 
when extracting the design, the usual parasitic capacitances of traditional MOSFET arise. 
The parasitic capacitances would affect the gate in terms of response time, i.e. delay and 
transconductance, and gain. 

 
1.2 Volatile Floating-Gate 
Non-volatile floating-gate transistors inherently have good charge retention capabilities. 
However, in most cases, using a standard CMOS process, a small leakage often exists [5]. 
For modern processes, like nanoscale, this leakage is crucial and for a 0.35 m m process 
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directional by simply controlling the reference voltages of the inverter. Moreover, the bi-
directionality of the gate is further evolved to be able to control the signal flow direction. 
Different circuits implementing the bi-directionality of the PFG gates are presented and 
finally a reversible converter is demonstrated. 

 
1. Floating-Gate 
 

Floating-gate technology had its beginning in the late sixties, and is now becoming a mature 
technology. Kahng and Sze first proposed the concept of a floating-gate device in 1967 [1]. 
The first commercially available floating-gate based memory, the floating-gate avalanche-
injection MOS device (FAMOS) was developed in 1970 [2]. Since then floating-gate 
transistors have been used extensively as non-volatile memory elements [3]. The number 
and variety of nonvolatile memory circuits, such as EPROMs, EEPROMs and Flash have 
been steadily growing. As well as being memory elements, floating-gate transistors can also 
be used as computational elements [4]. Although the majority of the research reported in the 
field of floating-gate pertains to the non-volatile types, it is not necessarily given that a 
volatile floating-gate is not useful. 

 
1.1 Non-volatile Floating-Gate 
A floating-gate transistor is simply a normal MOS transistor, except that the gate terminal is 
electrically isolated and has no DC path to a fix potential: hence, the name floating. The gate 
is completely surrounded by SiO2, a high quality insulator, which provides and creates a 
potential barrier that prevents charge stored on the floating-gate from leaking. Furthermore, 
when extracting the design, the usual parasitic capacitances of traditional MOSFET arise. 
The parasitic capacitances would affect the gate in terms of response time, i.e. delay and 
transconductance, and gain. 

 
1.2 Volatile Floating-Gate 
Non-volatile floating-gate transistors inherently have good charge retention capabilities. 
However, in most cases, using a standard CMOS process, a small leakage often exists [5]. 
For modern processes, like nanoscale, this leakage is crucial and for a 0.35 m m process 
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with an oxide thickness less than 70Å, reprogramming may be necessary [6]. As their 
programming and initializing makes slight use of some complex techniques, involving high 
voltages or additional postprocessing, there can be structures involving direct coupling to 
the floating-gate. Thus, the actual gate would no longer be truly floating, and gives rise to 
the name volatile floating-gate. Some may argue that these structures should not even be 
called floating-gate. The discussion seems to have given birth to several alternative namings, 
e.g. semi-floating-gate (SFG) [7,8], pseudo-floating-gate (PFG) [9,10], quasi-floating-gate 
(QFG) [11,12]. My opinion on the usage of such names is that, in the case of semi-floating-
gate, the floating-gates are being recharged and then left floating: much of the same 
behaviour as non-volatile floating-gates can be expected during evaluation. On the other 
hand, pseudo-floating-gate and quasi-floating-gate are constantly being recharged, either by 
a forced leakage, or by a constant feedback. 
The frequent recharging can be done in different ways and the joint function is to set the 
floating-gate to a known value. One established design is the switch-capacitor (switch-cap 
or SC) design. In switch-cap designs, the input gate of an operational amplifier is 
capacitively coupled. Switch-cap designs usually recharge their floating-gates to Gnd [13]. 
Given the similarity of capac-itively coupled inputs and the recharging, we would classify 
switch-cap design as semi- floating-gates. Frequent recharging may require additional 
elements, thus adding some unwanted side effects, such as leakage. Nevertheless, it has 
been shown that the recharging mechanism can be used cleverly and actually includes 
properties and functionality [7,8,14-17]. 

 
1.3 Multiple-Valued Logic 
The essence is to exploit the floating-gates' computational property to implement multiple-
values of logic or functions. The multiple-valued logic is based on signal processing that is 
carried out using multiples of logic levels and thresholds, in contrast to binary logic with its 
two states, i.e. "0" and "1" [18]. Consequently, multiple-valued logic circuits are a promising 
approach to reduce signal lines on the chip [19,20], effectively due to the increase of 
information per line. The theoretical study of multiple-valued logic has a long history. 
Moreover, the annual International Symposium on Multiple-Valued Logic (ISMVL) meets 
for the 39th time this year. The hardware realization of multiple-valued logic circuits for 
practical use is making progress. Most of the designs have been current-mode circuits, due 
to the difficulties inherent in adding up signals in the voltage-mode and the need for 
additional fabrication steps/masks. However, current-mode multiple-valued logic circuits 
consume a significant amount of power due to static currents for each logic level, which in 
turn would not make them good candidates to reduce heat. A step towards a solution to 
both the wiring and heat radiation problems may be taken by establishing the voltage-mode 
multiple-valued logic circuits in a conventional CMOS VLSI chip. The challenges that 
voltage-mode CMOS circuits within multiple-valued logic have encountered have been to 
construct and realize a device that can distinguish the logical levels. Furthermore, the use of 
the conventional production process is required to keep fabrication costs to a minimum and 
to enable hybridization with present binary logic systems. In fact, some voltage-mode 
multiple-valued logic modules have been constructed, which have the benefit that they can 
easily be fabricated by conventional CMOS processes. Generally, it may be difficult to 
compare multiple-valued design with binary, but some have claimed multiple-valued 
designs that consume less area and are faster [21-28]. 

 

1.3.1 Multiple-Valued Floating-Gate Inverter 
A voltage-mode multiple-valued floating-gate inverter was presented in [7]. The capacitive 
divider function of the floating-gate is used to weight the input signals and the floating-gate 
potential would determine the output. For this case of multiple-valued signal processing, 
the inverter is made analogue. Figure 1. shows an analogue floating-gate inverter with 
multiple-inputs. The feedback capacitor, C f ,  can be scaled to obtain a certain gain for the 
inverter. Preferably, the gain should be |1| and this can be achieved by adjusting the Cf/Ci 
ratio. To toggle different logical levels, hence multiple-valued, with the use of capacitive 
division, the output satisfying Vout = Vdd —Vin is preferred. The multiple-valued floating-gate 
inverter has been measured in a 0.6 m  process, with input capacitance of 10 fF and a 
feedback capacitor of approximately 9 fF showed by Figure 2 and its respective gain appears 
in Figure 3. The linear behaviour is quite evident and, moreover, the non-linear properties of 
the output signal near the rails are due to the linear range of the transistors. 
This design resembles a switched capacitor design: the difference is the use of an inverter 
instead of an operational amplifier. To our knowledge, there have been very few switched 
capacitor circuit designs proposed for multiple-valued logic, e.g. in [29,30]. The main reason 
can be related to the requirement of the extensive use of switches. Therefore, it is also 
reasonable to believe that the multiple-valued floating-gate inverter would be more suitable 
because of its simpler design topology. 

 
1.4 Semi Floating-Gate 
The multiple-valued floating-gate inverter, Figure 1., has evolved to become a recharged 
structure [7]. The recharging mechanism is obtained by short- 
 

 
Fig. 1. A multiple-input analogue floating-gate inverter. In (a) the gate level and in (b) the 
symbolic level. In order to use this as a multiple-valued block the gain of the inverter must 
be jtj, i.e. Cf should be approximately equal to the sum of the input capacitances, Ci. 
 
circuiting the output to the floating-gate [7,31]. Figure 2. illustrates the final result of the 
recharged multiple-valued semi floating-gate. Contrary to switch capacitor designs, this 
semi-floating-gate is recharged to Vdd/2, instead of either of the rails. The recharge level of 
Vdd/2 is obtained due to the equilibrium state of the inverter. During recharge the output 
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circuiting the output to the floating-gate [7,31]. Figure 2. illustrates the final result of the 
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would stabilize at a level between the references, Vdd and Gnd, as a function of the matching 
of nMOS and pMOS. In a matched transistor pair, the equilibrium state, i.e. recharge state, 
would output 
 

 
Fig. 2. Measurement of a single-input multiple-valued inverter. The capacitor values are Ci = 
10 fF and ¨Cf   9 fF, while the transistor sizes are 1.0/1.2 m  for nMOS and 2.5/1.2 for pMOS. 
 

 
Fig. 3. The gain of a single-input multiple-valued inverter is presented. The supply voltage is 
2.0V. The plot clearly shows the non-linear characteristic near the rails. Furthermore, this is a 
single measurement and, hence, there is some random noise obvious in this measurement. 

 

 
 
 
 
 
 
 
 
 
 
 
 
Fig. 4. A programming scheme for the floating-gate of the multiple-valued inverter. The 
initializing scheme is carried out by adding a switch between the output and the floating-
gate. In (a) the schematic is shown and in (b) the symbol. During programming/recharging 
the output is short-circuited to the semi floating-gate and obtains the equilibrium state, 
Vdd/2. 
 
close to Vdd/2. The level of Vdd/2 is also motivated by previous work with UV-programming 
[32]. In a cascaded design, all the outputs would become Vdd/2 and hence all the following 
inputs would be Vdd/2. One of the benefits of working with an equilibrium state for the 
recharge is that the voltage switching span would at worst be Vdd/2. The recharge switch 
can be implemented in various ways, e.g. by a single transistor or a transmission gate. The 
single transistor must be strong enough to short-circuit the semi-floating-gate to the output. 
The advantages the single transistor has over the transmission gate include a smaller area, 
while the transmission gate has better mobility; in addition, the layout can be designed more 
symmetrically than the single transistor solution. Furthermore, a transmission gate would 
require a two-phase clocking strategy and hence increase the power consumption. Although 
these structures may suffer from charge-injections in the same manner as sample and hold 
circuits [33,34] and switched capacitor circuits [35], different strategies can be selected. More 
effort can be put into asserting dummy switches and timing properties of the recharge 
signal in order to obtain a balanced charge distribution [36]. A measurement in a 0.6 m  
process for a multiple-valued inverter, more precisely a radix-8 semi floating-gate inverter, 
is shown in Figure 5. 

 
2. Pseudo Floating-Gate 
 

Changing the way of recharging the floating-gate results in another solution for the 
recharging mechanism. A proposed structure is found in [37]. Although this pseudo-
floating-gate, Figure 6., was first introduced for a frequency detecting application that 
suppresses low frequencies, the design is of interest due to the power of liberating the semi-
floating-gates from the recharge clocking overhead. The pseudo floating-gate resembles 
greatly to the previous semi floating-gates and thus many of the same applications as for 
semi floating-gates apply to this new gate. Nevertheless, some of the electrical behaviours 
have changed. The main difference is the use of a feedback "buffer" instead of a recharge 
switch and thus eliminating the recharge clocks and periods. The feedback "buffer" can be 
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implemented, among others, as a voltage follower. Although this may not be the ideal 
feedback in terms of linearity, it adds simplicity and symmetry as far as synthesis and 
layout are concerned. One of the first noticeable characteristics (after some test simulations) 
was the increased operating frequency in contrast to the semi floating-gates. The frequency 
characteristic resembles a band pass filter, as demonstrated in Figure 7.. Moreover, it was 
found that the high cut-off frequency is determined by the inverter's response limit, while 
the low cut-off frequency is dependent on the response for the feedback "buffer" [37], as 
shown in Figure 9. The gain of the band pass filter can be made higher by increasing the 
input capacitances, thus transferring more of the input signal. Our hand calculations indicated 
a band pass of a maximum of three decades. Given enough time and assuming ideal 
conditions, the pseudo floating-gate would settle at an equilibrium state Vdd/2 (DC-point). 
Moreover, the design has been treated such that it operates at low-voltages, in fact as low 
 

 
Fig. 5. The multiple-valued recharge inverter is measured with a radix-8 input-signal at a 
2.0V supply voltage. In the lowest plot the output is inverted and plotted with the input. 
The capacitance values are Ci = 10 fF and Cf   9 fF, while the recharge transistor sizes are 
0.8/0.6 m  for nMOS and 0.8/0.6 m for pMOS. 
 
as 2Vth. The pseudo floating-gate used to implement multiple-valued logic was first 
demonstrated in [38]. The main goals were to release the traditional semi floating-gate 
designs from the recharge mode and thus emphasize the design's ability to operate in 
continuous mode. Nevertheless, the pseudo floating-gates can compute multiple-valued 
signals and they have actually been demonstrated to obtain higher frequencies than their 
prior semi floating-gates [38]. In Sim-Res 1.2.4, the multiple-valued voltage level transitions 
are shown. These results demonstrate the speed and functionality of the pseudo floating-
gate and, moreover, their ability to operate on either binary, analogue or multiple-valued 

 

logic and also their operational mode of either recharge or continuous mode. Although the 
pseudo floating-gate has been shown to relieve the clocking overhead, a clever functionality 
by reintroducing some of the aspects of clocking is presented in the following [38]. Mainly, it 
is related to the idea of reversing the reference voltages while programming UV- floating-
gates. Moreover, we will also present a method of operating the pseudo floating-gate which 
results in bi-directional property (reversibility). 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

 

 
Fig. 7. The plot shows the operating frequency for the pseudo floating-gate inverter. It 
shows a high cut-off frequency at approximately 100 MHz for a Vdd = 2V. The adjustment 
parameters for the magnitude is the input capacitance, Ci. The low cut-off frequency is a 
direct result of the weak feedback "buffer", while the high cut-off is the frequency response 
for the inverter given its dimensions. 

Fig. 6. The single input analog or multiple-valued pseudo floating-gate inverter are shown.
Both the schematic (a) and the symbol (b) is shown. By removing the feedback capacitor, Cf,
a binary pseudo floating-gate inverter is obtained. The transistors are matched and are kept
equal for both the inverter and the weak feedback "buffer". 
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Fig. 7. The plot shows the operating frequency for the pseudo floating-gate inverter. It 
shows a high cut-off frequency at approximately 100 MHz for a Vdd = 2V. The adjustment 
parameters for the magnitude is the input capacitance, Ci. The low cut-off frequency is a 
direct result of the weak feedback "buffer", while the high cut-off is the frequency response 
for the inverter given its dimensions. 

Fig. 6. The single input analog or multiple-valued pseudo floating-gate inverter are shown.
Both the schematic (a) and the symbol (b) is shown. By removing the feedback capacitor, Cf,
a binary pseudo floating-gate inverter is obtained. The transistors are matched and are kept
equal for both the inverter and the weak feedback "buffer". 
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Fig. 8. Simulation result for a single-input pseudo floating-gate with the worst case level 
transitions in continuous mode. The blue line represents the input, the red line the actual 
output, while the black dotted line represents the output with adjusted equilibrium level 
(DC). The simulation shows a frequency of 500 MHz and there is still room to increase the 
frequency. 
 

 
Fig. 9. The plot show the operating frequency for the pseudo floating-gate inverter. The 
curve labeled Output is the inverters cut-off frequency, while the curve labeled Leakage is 
the weak feedback "buffers" cut-off frequency. It shows cut-off frequency for different 
supply-voltages 

 

 
Fig. 10. The simulation result for a single input pseudo floating-gate inverter in the context 
ofmultiple-valued logic. The output steps are a little smaller compared with the input, but 
are justifiable within the noise margin. 
 

 
Fig. 11. The single-input binary pseudo floating-gate inverter is shown: the schematic (a) 
and the symbol (b). The inverter operat es on control signal Ctrl01 with the signal processing 
capabilities from left to right. When Ctrl01 is high, the feedback operates on Ctrl02 and hence 
the weak feedback "buffer". The transistors are matched and are kept equal for both the 
inverter and the "buffer". 
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Most of the proposed bi-directional designs are current mode and, to my knowledge, 
there are only a few voltage mode designs. In order to obtain a bidirectional property, the 
design must obviously be symmetrical in order to obtain the same condition for both 
directions. The pseudo floating-gate consists of an inverter and a weak feedback "buffer". 
One of the first solutions to the symmetrical approach is to use a voltage follower as the 
weak feedback "buffer". This would fulfil the symmetrical property owing to the fact that 
the voltage follower can be constructed by an inverter. The only difference is to invert the 
references, i.e. swap the Vdd and Gnd. With the pseudo floating-gate, we can obtain a bi-
directional gate by introducing a control signal. The key idea is to have the gates reference 
provided by control signals. As Figure 11 illustrates, we have included two sets of control 
signals, Ctrl01 and Ctrl02. Figure 11 shows a pure binary gate and does not contain the 
feedback capacitor. With the ability to control the reference signals separately, we can 
alter the signal direction through the gate. Figure 12 serves as an illustration and truth 
table for the four possible combinations when applying the two control signals. The table 
clearly demonstrates that, by changing the reference voltage, we can choose which of the 
two inverters in the pseudo floating-gate becomes an inverter or a feedback "buffer". 
Furthermore, we see that, by including control signals in the pseudo floating-gate, we 
obtain more than just bi-directionality. The pseudo floating-gate is now able to process 
four different functions or states: (1) stop/shunt, (2) signal direction (right-to-left), (3) signal 
direction (left-to-right) and (4) memory. If the main goal is to have only bi-directional gates, 
one control signal strategy is sufficient. The pseudo floating-gate would, therefore, only 
have one external signal to control the signal direction. In order to describe the switching 
of the signal direction and to be able to test only one pseudo floating-gate, a proposed 
test-bench is shown in Figure 13. The control signal Ctrl01 controls both the reference 
voltage of the pseudo floating-gate and the pass transistor. The signal direction from left 
to right uses In Left and Out Right and, therefore, the pass transistors 2 and 4 are closed. 
When altering the signal direction with the other control signal, Ctrl02, the pass-transistors 
2 and 4 open, while 1 and 3 close, hence the signal direction becomes right to left (In Right 
and Out Left). Figure 14 serves as verification that the bi-directional pseudo floating-gate 
works for a single control signal design. Note that the capacitor at the In Right is actually 
the input capacitor of the following gate. Simulating and verifying the bi-directionality of 
a single pseudo floating-gate includes some extra overheads due to the pass-transistors. 
When verifying larger designs, all the internal gates and signals would alter their signal 
direction without any overhead. The overhead of including pass-transistors becomes of 
interest at the high-level input 
 

 

 
Fig. 12. The four possible combinations for the control signals for the pseudo floating-gates 
signal processing are listed. In the first combination, that is when both control signals are 
high, the pseudo floating-gate acts as a "memory element", and so on. If only bi-directional 
gates are wanted, only one clock can easily be used, i.e. 02 01Ctrl .Ctrl  
 

 
Fig. 13. The test-bench to verify a single binary pseudo floating-gate. The pass transistors on 
either side are only added to be able to reconstruct inputs and outputs of other gates. The 
pass-transistors are kept at minimum and matched. The pass transistor 1 and 3 are open, 
while 2 and 4 are closed, and vice versa. The signal direction from left-to-right is through 
pass transistor 1 and 3, while for right-to-left it is through 2 and 4 . and output pins, e.g. IC 
pins. 
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3. The Multiplexor 
 

The pseudo floating-gate circuits can, as refereed by Figure 12, behave in four different 
ways. In order to give a thorough analysis of the different states and examples of their use in 
applications, we first consider the state to stop/shunt a signal. A first approach to a pseudo 
floating-gate proposal for a 2-input binary multiplexor is presented in Figure 16 [39]. In 
order to make it easier to understand, we will in the following refer to the weak feedback 
"buffer" as "feedback". The multiplexor consists of three pseudo floating-gates and they all 
share the same reference signal with the inverters. The first two gates have a separate 
control signal at the reference of the feedback. Using only one control signal, Ctrl, would 
make the feedback either stop/shunt the signal or allow a signal to propagate from left-to-
right. The concept for this particular multiplexor is to have the opposite control signal for 
the first two gates. The obtained functionality with this construction of a multiplexor 
element is that the Ctrl actually controls which input, either A or B, to output. In more 
detail, the Ctrl logical value given by input A is "0" and input B is "1". The last pseudo 
floating-gate, due to its capacitive inputs, sums the voltage change, ΔV, at the outputs of the 
two previous pseudo floating-gates. Note that both inputs are weighted equally. Since all 
the gates are binary, the output value of the multiplexor would be " 1" for ΔVtot < Vdd/2, 
while for ΔVtot > Vdd/2 the output is "0". A simulation environment with the following 
conditions is presented in Figure 16: input A is a binary signal with a frequency of 250 MHz: 
secondly, input B has a binary signal with a frequency of 166 MHz: and, finally, the Ctrl 
chooses input A whenever logically "1". The simulation results obtained in a 0.35 

m process are presented in Figure 16 and clearly illustrate that the output of the  
 

 
Fig. 14. The simulation results for a bi-directional pseudo floating-gate are shown. The 
design only uses one control signal, and hence the reference signal alternates the signal 

 

direction of the pseudo floating-gate. The simulation results verify the bi-directional 
operation of the pseudo floating-gate. 
multiplexor is the same frequency as the chosen input at any given time. We would like to 
stress that the only combination of modes the pseudo floating-gates, in this example, can 
have are either (1) stop/shunt or (3) signal direction (left-to-right), referring to Figure 12. 
Taking the idea of using the bi-directionality of the pseudo floating-gates further and 
connecting it to reversible logic in the case of the multiplexor, it is possible to obtain a 
reverse element which is a multiplexor and reverse a signal path selector, e.g. 
encoder/decoder element. Regarding the previously described multiplexor, the whole 
element can be made bi-directional and not just the internal gates. The third and last pseudo 
floating-gate's feedback can also be controlled with a control signal, Ctrl02. The second 
control signal would actually control the bi-directionality of the whole element and thus 
make the element reversible. The behaviour of the bi-directional 2-input binary multiplexor 
can therefore be regarded as: 

(left-to-right): 2-input multiplexor, outputs the one input selected by the control signal 
Ctrl01. 
(right-to-left): Signal path selector, outputs the input signal on the selected output by 
control signal Ctrl02. 

In Figure 17, a proposal for a 2-input binary bi-directional pseudo floating-gate multiplexor 
design is illustrated [39]. Note that the capacitor on the right-hand side is actually the 
following gate's input capacitor, and thus is only to be considered when using a right-to-left 
signal direction. The pseudo floating-gate bi-directional multiplexor needs two control 
signals: one to alter the overall signal direction and one to choose which path/signal to 
output. Verification of the bi-directional multiplexor is presented in Figure 19 Even though 
it cannot fully be called a reversible element, it can still perform a reverse function. In the 
case of this multiplexor, it can be regarded as an encoder/decoder element. In the following 
sections, this concept of bi-directionality to implement reversible functions is developed 
further. Furthermore, multiple-valued logic is included to construct an element which is a 
converter (AD/DA). 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 15. A 2-input binary pseudo floating-gate multiplexor. The main proof of concept
demonstrates an application where the pseudo floating-gate's bidirectional advantage make
designs simpler. In this design there is no clock signal deciding the signal direction, but
rather a control signal, Ctrl. The Ctrl chooses which input, A or B ,  to allow at the output,
Out. The transistor sizes are the same as in previous figures. 
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detail, the Ctrl logical value given by input A is "0" and input B is "1". The last pseudo 
floating-gate, due to its capacitive inputs, sums the voltage change, ΔV, at the outputs of the 
two previous pseudo floating-gates. Note that both inputs are weighted equally. Since all 
the gates are binary, the output value of the multiplexor would be " 1" for ΔVtot < Vdd/2, 
while for ΔVtot > Vdd/2 the output is "0". A simulation environment with the following 
conditions is presented in Figure 16: input A is a binary signal with a frequency of 250 MHz: 
secondly, input B has a binary signal with a frequency of 166 MHz: and, finally, the Ctrl 
chooses input A whenever logically "1". The simulation results obtained in a 0.35 

m process are presented in Figure 16 and clearly illustrate that the output of the  
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design only uses one control signal, and hence the reference signal alternates the signal 

 

direction of the pseudo floating-gate. The simulation results verify the bi-directional 
operation of the pseudo floating-gate. 
multiplexor is the same frequency as the chosen input at any given time. We would like to 
stress that the only combination of modes the pseudo floating-gates, in this example, can 
have are either (1) stop/shunt or (3) signal direction (left-to-right), referring to Figure 12. 
Taking the idea of using the bi-directionality of the pseudo floating-gates further and 
connecting it to reversible logic in the case of the multiplexor, it is possible to obtain a 
reverse element which is a multiplexor and reverse a signal path selector, e.g. 
encoder/decoder element. Regarding the previously described multiplexor, the whole 
element can be made bi-directional and not just the internal gates. The third and last pseudo 
floating-gate's feedback can also be controlled with a control signal, Ctrl02. The second 
control signal would actually control the bi-directionality of the whole element and thus 
make the element reversible. The behaviour of the bi-directional 2-input binary multiplexor 
can therefore be regarded as: 

(left-to-right): 2-input multiplexor, outputs the one input selected by the control signal 
Ctrl01. 
(right-to-left): Signal path selector, outputs the input signal on the selected output by 
control signal Ctrl02. 

In Figure 17, a proposal for a 2-input binary bi-directional pseudo floating-gate multiplexor 
design is illustrated [39]. Note that the capacitor on the right-hand side is actually the 
following gate's input capacitor, and thus is only to be considered when using a right-to-left 
signal direction. The pseudo floating-gate bi-directional multiplexor needs two control 
signals: one to alter the overall signal direction and one to choose which path/signal to 
output. Verification of the bi-directional multiplexor is presented in Figure 19 Even though 
it cannot fully be called a reversible element, it can still perform a reverse function. In the 
case of this multiplexor, it can be regarded as an encoder/decoder element. In the following 
sections, this concept of bi-directionality to implement reversible functions is developed 
further. Furthermore, multiple-valued logic is included to construct an element which is a 
converter (AD/DA). 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 15. A 2-input binary pseudo floating-gate multiplexor. The main proof of concept
demonstrates an application where the pseudo floating-gate's bidirectional advantage make
designs simpler. In this design there is no clock signal deciding the signal direction, but
rather a control signal, Ctrl. The Ctrl chooses which input, A or B ,  to allow at the output,
Out. The transistor sizes are the same as in previous figures. 
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4. Bidirectional - AD/DA 
 

In order to have the bi-directional property, it is obvious that the design must be 
symmetrical in order to provide the same conditions for both directions. The pseudo 
floating-gate consists of an inverter and a weak feedback buffer. One of the first solutions to 
achieve symmetry is to use a voltage follower as the weak feedback buffer. This fulfils the 
symmetrical property owing to the fact that the voltage follower can be constructed as an 
inverter. The pseudo floating-gate ciruits are able to handle both binary as well as multiple-
valued signals. In the following, a multiple-valued to binary converter will be presented that 
has the ability to be reversible by changing the signal's direction, i.e. an "undo" step, without 
losing any information [40]. First, the multiple-valued to binary converter (hereby referred 
to as AD) is shown in Figure 18. This converter operates on a radix of 4, i.e. the signals can 
have up to 4 levels, representing {0,1,2,3} . The simulation results, shown in Figure 20, prove 
the correct operation of the design. Using the possibility of reversing the signal direction, as 
described earlier, a reversible AD can be obtained, which is a DA (binary to multiple-
valued) converter. This reversible function and what the "reversed" design of the one in 
Figure 18 would look like are shown in Figure 21. The simulation results are detailed in 
Figure 22. Some may point out that, the AD and the DA are not perfectly symmetrical, and 
that some elements have been added. The explanation is that by reversing the signal 
direction the output becomes the input and vice versa. Owing to the design of the pseudo 
floating-gate, all inputs must come from floating-gates: therefore, in the case of the DA, a 
capacitor was added to the input (see Figure 21, grey area). In a larger design, the capacitor 
would actually be represented by the next gate's input capacitor (which is included). 
 

 
Fig. 16. The simulation results verifying the 2-input binary pseudo floating-gate multiplexor. 
The simulation has been conducted with different input frequencies at A and B .  As is 
evident from the results that the output frequency is the same as the one at the chosen input. 
While Ctrl is high the input A is chosen. 

 

 
Fig. 17. The 2-input binary bi-directional pseudo floating-gate multiplexor is illustrated. In 
this design there are two control signals, Ctrl01 and Ctrl02, one to control the bi-directionality 
and one to choose the signal path, respectively. The transistor sizes are the same as in 
previous figures. 
 

 
Fig. 18. A radix-4 to binary (AD) converter implemented with pseudo floating-gates. The 
transistor sizes are kept at a minimum and matched, while the capacitors are C2 = 5fF, C3 = 
7fF, C4 = 6fF and C5 = 10fF. The control signal, Ctrl, has intentionally not been depicted for 
the sake of clarity. All the pseudo floating-gates have the Ctrl signal included. 
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Fig. 19. Simulation results for the bi-directional 2-input binary pseudo floating-gate 
multiplexor. At the top the control signals are shown, where Ctrl01 represents the selector 
and Ctrl02 represents the bi-directionality. In the second row (for the sake ofclarity only a 
window ofthe signals is displayed) the input signals A and B are shown. The output of the 
multiplexor is shown afterwards, while at the bottom of this chart the path selector outputs 
are shown. 

 

 
Fig. 20. The simulation results for the radix-4 to binary converter shown in Figure 18. The 
AD's logical behavior is evident from these results. The only transition which has some 
latency is the logical level 2. The solution is to increase the width of the transistor in inverter 
no. 2 to gain in higher frequency response. 
 

 
Fig. 21. A binary to radix-4 (DA) converter. This figure serves as a visual illustration of how 
the signal propagation through the circuit in Figure 18 appears, when the circuit is reversed. 
The same capacitors and pseudo floating-gates are used. In order to reverse the signal 
direction some elements from the previous and the next circuits are included (illustrated by 
a grey area). 
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Fig. 22. The simulation results for the binary to radix-4 (DA) converter shown in Figure 21. 
All levels are within the noise margins. Focusing on a small detail it can be noticed that the 
output signal actually is inverted as one would expect. This is due to the last inverter (i.e. 
inverter no. 0). The actually correct output would be the floating-gate of inverter no. 0. 

 
5. References 
 

D. Kahng and S. M. Sze. (1999). A floating-gate and its application to memory devices. The 
Bell System Technical Journal, 46(4):1288-1295, 1967. IEEE standard definitions and 
characterization of using floating-gate semiconductor arrays, February 1999. 

S. Lai. (1998). Flash memories: where we were and where we are going. In International 
Electron Devices Meeting, pages 971-974. IEEE, 1998. 

T. Shibata and T. Ohmi. (1991). An intelligent MOS transistor featuring gate-level weighted 
sum and threshold operation. In International Electron Devices Meeting, Technical 
Digest, pages 919-922. IEEE, 1991. 

W.P. Millard, Z.K. Kalayjian, and A.G. Andreou. (2000). Calibration and matching of 
floating gate devices. In International Symposium on Circuits and Systems (ISCAS), 
volume 4, pages 389-392. IEEE, May 2000. 

K. Rahimi, C. Diorio, C. Hernandez, and M.D. Brockhausen. (2002). A simulation model for 
floating-gate MOS synapse transistor. In International Symposium on Circuits and 
Systems (ISCAS), volume 2, pages 532-535. IEEE, May 2002. 

Y. Berg, S. Aunet, O. Mirmotahari, and M. Høvin. (2003). Novel recharged semi-floating-
gate CMOS logic for multiple-valued systems. In International Symposium on 
Circuits and Systems (ISCAS), volume 5, pages 193-196. IEEE, May 2003. 

O. Mirmotahari and Y. Berg. (2003). A novel multiple-input multiple-valued semifloating-
gate latch. In International Symposium on Multiple- Valued Logic (ISMVL), pages 
227-231. IEEE, May 2003. 

 

O. Roux dit Buisson, G. Moring, F. Paillardet, and E. Mazaleyrat. (1998). A new characterization 
method for accurate capacitor matching measurements using pseudo-floating gate test 
structures in submicron CMOS and BiCMOS technologies. In International 
Conference on Microelectronic Test Structures (ICMTS), pages 223-227, 1998. 

O. Roux dit Buisson, G. Moring, F. Paillardet, and E. Mazaleyrat. (1999). A new 
characterization method for accurate capacitor matching measurements using 
pseudo-floating gate test structures in submicron CMOS and BiCMOS technologies. 
IEICE Transactions on Electronics, 82(4):624-629, 1999. 

J. Ramirez-Angulo, C. A. Urquidi, R. Gonzalez-Carvajal, A. Torralba, and A. Lopez-Martin. 
(2003). A new family of very low-voltage analog circuits based on quasi-floating-
gate transistors. IEEE Transactions on Circuits and Systems II: Analog and Digital 
Signal Processing, 50(3):214-220, 2003. 

J. Ramirez-Angulo, A. Lopez-Martin, R. Gonzalez-Carvajal, and F. M. Chavero. (2004). Very 
low-voltage analog signal processing based on quasi-floating-gate transistors. IEEE 
Journal of Solid-State Circuits, 39(3):434-442, 2004. 

D.A. Johns and K. Martin. (1997). Analog Integrated Circuit Design. John Wiley & Sons, first 
edition, 1997. 

O. Mirmotahari, Y. Berg, Ø. Naess, and J. Bush. (2002). A novel proposal for a multiple-
valued floating-gate C2MOS latch. In NORCHIP Conference, volume 1. IEEE, 
November 2002. 

Y. Berg, S. Aunet, Ø. Naess, and O. Mirmotahari. (2004). Basic multiple-valued functions 
using recharge CMOS logic. In International Symposium on Multiple-Valued Logic 
(ISMVL), pages 346-351. IEEE, May 2004. 

H. Gundersen and Y. Berg. (2004). Max and min functions using multiple-valued recharged 
semi-floating-gate circuits. In International Symposium on Circuits and Systems 
(ISCAS), volume 2, pages 857-860. IEEE, May 2004. 

O. Mirmotahari and Y. Berg. (2004). A novel D-latch in multiple-valued semifloating-gate 
recharged logic. In International Symposium on Multiple-Valued Logic (ISMVL), 
pages 210-213. IEEE, May 2004. 

K.C. Smith. (1988). Multiple-valued logic: a tutorial and appreciation. IEEE Computer, 21:17-
27, April 1988. 

W.J. Dally. (1987). A VLSI Architecture for Concurrent Data Structures. Kluwer Academic 
Publishers, 1987. 

R.W. Keyes. (1982). The wire-limited logic chip.  IEEE Journal of Solid-State Circuits, 
17(6):1232-1233, December 1982. 

Takahiro Hanyu, Kaname Teranihi, and Michitaka Kameyama. (1998). Multiple-valued 
floating-gate-MOS pass logic and its application to logic-in-memory VLSI. In 
International Symposium on Multiple-Valued Logic (ISMVL), pages 270-275. IEEE, 
May 1998. 

R. Jensen and Y. Berg. (2007). Dual data-rate cyclic d/a converter using semi floating-gate 
devices, 2007. 

I.M.Thoidis, D.Soudris, J.M. Fernandez, and A.Thanailakis. (2001). The circuit design of 
multiple-valued logic voltage-mode adders. In International Symposium on 
Circuits and Systems (ISCAS), volume 4, pages 162-165. IEEE, May 2001. 

M. Inaba. (2007). Experiment result of down literal circuit and analog inverter on cmos 
double-polysilicon process, 2007. 

Pseudo Floating-Gate and Reverse Signal Flow 513
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1. Introduction 
 

Glossary 
S:   Parametric Surface. S: ℝ2   → ℝ 3. is an (infinite) 

2-manifold without border. 
F ,H :  Faces. Connected subsets of a parametric surface 

(F, H ⊂ S). 
S−1 (F ):   Pre-image of F in parametric space U − V.  
TF :  Triangulation of face F in Euclidean space.  
TU V :  A triangulation in parametric space U − V. 
T = S(TUV ):  Triangulation in ℝ 3  as a mapping, via S, of the triangulation TU V  in U − 

V parametric space. 
∂X:  Boundary of the set X . 
Li :  A loop (Li  ⊆  ∂F ), is a 1-manifold without border. 

It is a connected subset of the boundary of F. 
Ej   An edge (Ej  ⊆ Li ), is a 1-manifold with border. 
t:  A triangle of the triangulation T. 

p, q:  Points in Euclidean space. p, q ∈ ℝ 3. 
u, v, w:  Real parameters of a curve C(w) or a surface S(u, v). 
cl(A):  Closure of the set A. cl(A) = A ∪ ∂A. 
int(A):   Interior of the set A. int(A) = A − ∂A. 
BG (p, q, r):   Gabriel Ball in ℝ3. Spherical point set whose center is contained in the plane 

pqr, passing through the points p, q, r ∈ ℝ3. 
BG (p, q):  Gabriel Ball in ℝ3. Spherical point set whose center is contained in the 

edge pq, passing through the points p, q ∈ ℝ3. 
e:   Edge of a triangle. 
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Boundary Representations, B-Reps, are the computer formalization of the boundary of a 
body (M = ∂BODY ). Shortly, M is a collection of SHELLs, which in turn are collections 
of FACEs. For convenience, we will assume that the SHELLs are 2- manifolds without 

border in ℝ3. Each SHELL is decomposed into FACEs, which must have boundary. It is 
customary in geometric modeling to make a FACE F a connected proper subset of one 
parametric surface S(u, v) ⊂ ℝ3. In this article we consider the b-reps as closed 2-manifolds 
with continuity C2  inside each face and C0 among them. 
The border of F is ∂F , which is the collection of LOOPs Li embedded in S. The LOOP Li 
can be thought of as a 1-manifold without border, with C∞ continuity except in a finite 
number of points, where it is C0 -continuous. In such locations Li is split into EDGEs Ej, 
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Fig. 3. Delaunay tetrahedron for points a, b, c, d ∈ ℝ3, Gabriel 2-simplex for a, b, c ∈ ℝ3 , 

Gabriel 1-simplex for a, b ∈ ℝ3 , Gabriel 1-simplex for a, b ∈ ℝ2. 
 
Fig. 3 displays a short collection of Delaunay and Gabriel complexes. A Delaunay 
tetrahedron in a set of points in 3D is a tetrahedron (3-simplex) formed by four points whose 
circumscribed sphere contains no other point of the set. Given vertices vi vj vk  in the point 
set, they form a Gabriel triangle (2-simplex) if the smallest sphere through them contains no 
other point of the set. The triangle vi vj vk  is embedded in the equatorial  
plane of such a sphere. A Gabriel edge vi vj  (1-simplex) is one with vi  and vj  in the point 
set, such that the sphere centered in (vi  + vj )/2 with radius r = d(vi , vj )/2 contains no 
point of the sample other than vi  and vj. Such a sphere is the smallest one containing vi  
and vj. Each Gabriel 1-simplex makes part of at least one Gabriel 2-simplex, and each 
Gabriel 2-simplex makes part of at least one Delaunay tetrahedra. 
The present article applies the Gabriel variant (1- and 2- simplices) to Delaunay connectivity 
to calculate a triangulation for a point sample VF   (sensitive to curvature and independent 
of the parameterization) on the face F , carried by a parametric surface S. Section 2 reviews 
theoretical and algorithmic knowledge related to triangulations and surface curvatures. 
Section 3 discusses the algorithms devised and implemented to triangulate Boundary 
Representations. Section 4 presents five complex Boundary Representations with 
manufacturing and organic surfaces and high genii triangulated by the implemented 
algorithm. Section 5 concludes this article and sketches directions for future work. 

 
2.2 Curvature Measurement in Parametric Surfaces 
A parametric surface is a function S : ℝ2  → ℝ3 , which we assume to be twice derivable in 
every point. The derivatives are named in the following manner ([10], [20],): 
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with n being the unit vector normal to the surface S at S(u, v). The Gaussian and Mean 
curvatures are given by: 
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where the coefficients E, F , G, L, M , N are: 
 

E = Su   Su ; F = Su   Sv  = Sv    Su ;                        (3) 
G = Sv    Sv ;      L = Suu   n; 
M = Suv   n;     N = Svv    n; 

 
Minimal, Maximal, Gaussian, Mean Curvatures from the Weingarten Application The 
Weingarten Application ([10]), W is an alternative way to calculate the Gaussian and Mean 
curvatures. 
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The following facts allow to calculate the curvature measures for S from the Weingarten 
Application: (i) The eigenvalues k1 y k2 of W are called Principal Curvatures, with k1 being 
the maximal curvature and k2 being the minimal curvature (assume that |k1 | ≥ |k2 |). (ii) K 
= det(W ) is the Gaussian Curvature, with K = k1   k2. (iii) 2H = trace(W ) is twice the 

Mean Curvature, with 1 2

2
k kH 

  (iv) The maximal and minimal curvatures are: 

2
1k H H K    and 2

2k H H K   . 

W v k v    is the eigenpair equation for the W matrix. The solutions for such an 
equation are the eigenpairs (k1 , v1 ) and (k2 , v2 ). Therefore, 1 1 1W v k v    and 
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2.3 Previous Work 
[12] implements an algorithm which starts with an already valid triangulation on a 
trimmed surface S(u, v) and originates a new triangular mesh. It proposes a surface 
triangulation with a Delaunay method given 3 points in ℝ3 which determine a sphere 
whose equatorial plane is defined by the 3 given points. The algorithm creates a point set 
which may be more dense as needed by a particular criterion (e.g. curvature). This algorithm 
uses expensive operations (e.g. surface-line intersection). The boundary of the triangulated 
trimmed and meshed face is expressed and calculated in handled in parametric space. Since 
the algorithm in [12] starts with a given triangulation and modifies it, if such triangulation 
is not correct, or it does not respect the boundary of the trimmed surface, the triangulations 
following keep such characteristic. According to [16], the restricted Delaunay triangulation 
of general topological spaces is defined. 
The restricted Delaunay triangulation in the case of trimmed surface in ℝ3 is the dual of the 
Voronoi diagram intersected with the surface. Therefore, a triangle is created in each 
intersection of 3 voronoi cells with the surface. A contribution of the paper is to show that 
Chew’s algorithm is a restricted Delaunay triangulation. 
In the problem of the triangulation of manifolds with boundary the theoretical guaranties  
that serve for surface reconstruction do not apply. For example ε-samples ([4],[3]) which use 
the smallest distance of a sample point to the medial axis of the solid (i.e. the ε). Since a 
trimmed surface may be close or far from the medial axis, such criteria do not apply for 
surface triangulations. 
In [7], The ball pivoting algorithm, (BPA), is presented. It computes a triangle mesh 
interpolating a given point cloud: 3 points form a triangle if a ball of radius smaller than ρ 
(a user specified radius) touches them without containing any other point. This triangle is a 
Gabriel 2-simplex in ℝ3. The algorithm makes a region of triangles grow by adding a 
triangle to one of the boundary edges of the triangle mesh. 
The reconstruction algorithm needs a very uniform sample. 
In [19] the intrinsic Delaunay triangulation of a Riemannian manifold is shown to be well 
defined in terms of geodesics. A smooth surface embedded in ℝ3 can define a Riemannian 
manifold. The Riemannian manifolds have the property that if all the calculations and 
definitions are done in a small subset of the manifold, (as they can be done with a good 
sampling condition), the Delaunay triangulation and the Voronoi diagram are defined exactly 
as with the euclidean metric and are dual. Although defining triangulations with geodesics is 
theoretically sound, it has a prohibitively high complexity because it implies the solution of 
simultaneous algebraic systems. 
In [2] the Gabriel complex is defined for ℝn. For a set of points in ℝ3 the Gabriel complex is 
composed of triangles whose smallest defined circumsphere is free of points in the set. The 
advantage with respect to [12] is that it does not need information about the surface. The 

 

Umbrella filter algorithm described produces topologically correct triangulations. Our 
article takes advantage of such a definition, along with a curvature - sensitive point sample. 
[5] gives lower bounds for densities of well distributed points in surfaces, based on Delaunay 
triangulations. [11] presents an algorithm to sample and triangulate a surface, but it uses 
computer expensive and not common operations. In [8] the concept of loose ε-sample is 
developed but the operations which implement it are computationally expensive. 
[9] presents the Lipschitz-samples, analogous to ε-samples, but applied to piecewise 
smooth (Lipschitz) surfaces. Such a distance permits to sample a Lipschitz surface and to 
define a mesh on it. However, [9] does not present actual examples of the performance of 
the algorithm (as we do here). We do also address the sampling of edges which bound two 
incoming smooth surfaces by using the most larger of the two involved curvatures. 
In [13], the greedy Delaunay - based surface reconstruction algorithm from a point sample is 
presented. The algorithm uses the fact that the Gabriel graph is a subset of the Delaunay 
triangulation (DT). From a starting triangle, it grows matching each of the edges in the 
boundary with a triangle in the DT that has the minimum radius. As disadvantages, we may 
note that the algorithm: (i) requires the usual distance for Delaunay triangulations, (ii) needs 
a very uniform sampling in the loops and (ii) does not provide guarantee in the 
reconstruction. 
[1] is focused in the notion of envelope that is the covering of a 3-manifold created with 
spheres of λ size and centered in the points of the surface. From the envelope a surface 
with boundaries can be reconstructed, but this approach does not conserve the original 
points sampled in the boundary, and parameters are needed. In practice the envelope 
approach does not seem to produce topologically correct results. We dispose of information 
about the surface and boundaries and use another approach to the problem. 
In [14] an advancing front method to triangulate parametric surfaces is presented. The 
method triangulates a B-Rep by discretizing edges and surfaces. The number of triangles 
generated can be adapted to any density function in the surface. The correctness of the 
solution depends on the density function provided for the edges and for the surface. In [6] a 
parameterization-independent algorithm is proposed to triangulate a surface. In the 
algorithm, a circle in the normal plane of a point p in the surface S, Tp (S,p), is chosen. A 
polygon of n sides, (with n ≥ 4), and defined by vertices {p1 , p2 ,..., pn }, is inscribed in the 
circle. Rays from the vertices and perpendicular to T p (S, p), intersect the surface and 
generate new vertices for the triangulation. The algorithm has the advantage that the 
connectivity of the triangles is present through the algorithm. In the other side, the paper 
handles the boundary in the parameter domain and reports a non-uniform sample near to 
this. The paper reports problems are in regions of high curvature. Also in [21], the 
algorithm described in this paper is implemented and problems are reported near the 
boundaries. The generalization of their algorithm to closed surfaces needs a sewing 
procedure that creates additional borders. In [23], an algorihtm that triangulates parametric 
surfaces is presented. The algorithm uses an advancing front method. The loops aren’t 
taken into account. This algorithm generates two fronts of triangles that advance one 
towards the other. The two fronts are in oposite sides of the parameter space. The main 
drawback in this algorithm is that: only a squared parameter space is considered. No holes 
or complex features are reported in the paper. In [22] an algorithm to triangulate b-reps is 
presented. In the algorithm all the triangulation occurs in parametric space and is mapped to 
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R3. In [21] two sampling methods and a triangulation algorithm are proposed. In the 
algorithm the boundaries are isosampled, i.e not sensitive to the curvature or any other 
parameter. In the triangulation algorithm, a parametric information is needed, so it can fix 
problems, and the boundaries are not handled well in all the situations. 
 

 
Fig. 4. Interior, boundary and exterior of a submanifold F with respect to a manifold S. 

 
Fig. 5. Gabriel 1- and 2-simplices on face F 
 
3. Methodology 
 

The implemented algorithm to triangulate a face F mounted onto a parametric surface S (Fig. 
4) has the following layout, whose details will be discussed later: (1) Calculate the pre-image 
F −1 of the face F through the function S (Fig. 2). (2) Initialize the vertex set VT with a 
curvature-sensitive sample of the loops L0 ,..., Ln of the face boundary ∂F. (3) Introduce 
points in the sampled loops L0 ,..., Ln ; such that, all the segments in ∂F are Gabriel 1-
simplex. (4) Sprinkle the face F with vertices vi achieving a vertex density proportional to 

 

the local curvature of F , Kmax , inserting those vertices in set VT. Segments in ∂F remain 
Gabriel 1-simplex during this stage. (5) Calculate a Gabriel connectivity T for the vertex set 
VT. 

 
3.1 Edge Sampling 
Algorithm 1 is used to produce a curvature - sensitive sample of an Edge E. Unlike 
previous approaches ([22]) such a sample is not an iso-distance one. Instead, the sampling 
interval at point p on the underlying curve C is sensitive to the largest of the maximal 
curvatures of S1 and S2 in such a point p (line 6). Notice that the curvature of the curve C 
at p needs not to be considered in addition to the surface curvatures because it will be 
always less than or equal to the surface maximal curvatures (Kmax (S1 , p), Kmax (S2 , p)). 
 
Algorithm 1 Sample of the Edge E between Faces F1 and F2 
S1 (u, v), S2 (u, v): Underlying surfaces for Faces F1 and F2. 
C(λ): Underlying Curve for E. 
Λ0 , Λf : Parameters of the extremes of E in curve C. 
VE = {p1 , p2 ,..., pn }: Output. Sequence of point sample of E. 
Kmax (S, p)): Maximal curvature of Surface S at point p. 
Nsides : Number of sides of a regular polygon. 
1: VE = {} 
2: λ = Λ0 
3: while λ ≤ Λf  do 
4: p = C(λ) 
5: VE = VE ∪ {p} 
6: k = max(Kmax (S1 , p), Kmax (S2 , p)) 
7: r = 1/k 
8: δ = polygon determined_arc(r, Nsides ) 
9: ∆λ = dist_to_param(δ) 
10: λ = λ + ∆λ 
11: end while 
Fig. 6 displays the geometrical idea behind lines 7 and 8 of the algorithm: the radius of 
curvature r is the inverse of the curvature k. A circle tangent to a curve with such a 
curvature may be approximated by a regular polygon of Nsides sides. The arc δ 
determined by such a polygon is considered as a good euclidean sampling distance 
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Fig. 6. Locally planar curve and local curvature. Approximation by regular polygon of N 
sides. 
 
for the curve C at p (line 8). Such an euclidean distance must be transformed to a local 
parameter distance δλ at C(λ) (line 9). 

 
3.2 Loop Resampling. Ensuring that each edge of each loop is a 
Gabriel 1-simplex 
Algorithm 2 creates new vertices in the loops sampled by algorithm 1, in such a way that 
each segment in the new sample is a Gabriel 1-simplex. Between lines 4 and 16, each 
loop VLi is traversed as a circular linked list. Each segment vcurr vnext is tested to be a 
Gabriel 1-simplex in line 7. If it is not a Gabriel 1-simplex, a new point, returned by 
function point_middle_of_arc (lines 8 and 9), is inserted to the circular linked list after 
vcurr  and previous to vnext (lines 10 and 11). Let Cz (λ) be a curve parameterized by 
arc length. Let px and py be two points in Cz (λ). Let Λx and Λy be the parameters of px 
and py  respectively with Λx  < Λy. Function point_middle_of_arc (Cz (λ) , px , py ) performs the 
following procedure: 
 
1. Finds the arc length δ between px and py in curve Cz (λ). 

2. Returns a point pnew = C (Λx + 2
 ) . 

If any segment vcurr vnext is not Gabriel 1-simplex, the variable f inished is set to f alse 
(line 12). In line 21 the variable f inished is tested true, to ensure that this procedure is 
repeated until all segments are Gabriel 1-simplex. 
Fig. 7 shows the behavior of algorithm 2. In Fig. 7(a), point vx ∈ VLi is inside BG 
(vcurr , vnext ) and segment vcurr vnext is not Gabriel 1-simplex. After vnew  is 
inserted to VLi , the new segments are (vcurr , vnew ) and (vnew , vnext ). As shown in 
Fig. 7(b), BG (vcurr , vnew ) and BG (vnew , vnext ) are empty of other points in V∂F ; 
and segments (vcurr , vnew ) and (vnew , vnext ) are Gabriel 1-simplex. 
Sometimes, B-rep models are not well stitched ([24]), and that creates extremely narrow 
faces. Every time the loop between lines 1 and 21 is executed, at least 2 segments become 
shorter. In line 18, function is_any_segment_too_short (V∂F) evaluates this case and returns 
failure when an edge is too short (i.e the loop is being repeated too many times). This adds 

 

robustness to algorithm 2. Otherwise, if two lines of a b- rep are geometrically equal, but 
have not been merged in the model, algorithm 2 would never stop. 
 
 

Algorithm 2 Insert vertices in the sampled loops until all the segments are Gabriel 
1-simplex. 
V∂F = {VL1 , VL2 , VLn }: is the set of vertices that sample the boundary of the face F.  
VLi = {VE1 , VE2 ,..., VEm }: is a circular linked list that contains all the points sampled in the loop 
with algorithm 1 and VEj is the ordered sample of edge Ej. 
V∂F  = {VL1 , VL2 , VLn }. Output. The set of vertices that sample the boundary of face 
F. 
1: repeat 
2: f inished = true 
3: for all VL1 ∈ V∂F do 
4:      vcurr = head (VL1 ) 
5:      vnext = next (VL1 , vcurr ) 
6:      repeat 
7:          if ∃vx ∈ (VL1 − { vcurr , vnext }), 

         such that: vx ∈ BG (vcurr , vnext ) then 
8:              Cj (λ) is the curve, of an edge Ej , that contains { vcurr , vnext }. 
9:              vnew = 

       point_middle_of_arc (Cj (λ) vcurr, vnext ). 
10:              next of (VL1 , vcurr ) = vnew 
11:              next of (VL1 , vnew ) = vnext 
12:              f inished = f alse 
13:          end if 
14:          vcurr = vnext 
15:          vnext = next (VL1 , vnext ) 
16:      until vcurr ≡ head (VL1 ) 
17: end for 
18: if is_any_segment_too_short (V∂F) then 
19:         return F AI LU RE 
20:      end if 
21: until f inished ≡ true 
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(a) First a sampled vertex vx is inside of  
BG (vcurr, vnext).    Segment (vcurr, vnext) is  
not Gabriel 1-simplex. 

 
(b) When algorithm   2   inserts vnew,   segment 
vcurr vnext   is  replaced  by  segments  vcurr vnew 
and vnew vnext. No point sampled is inside balls 
BG (vcurr, vnew)  and  BG  (vnew, vnext).     Segments 
vcurr vnew and vnew vnext are Gabriel 1-simplex. 

Fig. 7. The two basic steps of algorithm 2. 

 
3.3 Face Sampling. Vertex Sprinkle on Face F 
Algorithm 3 constructs the vertex set VF  of the triangulation sought for face F. The 
initialization of VF (line 1) is done with the vertices sampled on the boundary loops of F , 
∂F = {L0 ,..., Ln }, as per algorithm 1. Such vertices correctly sample ∂F. However, the 
interior int(F ) needs to be sampled. To do so, trial vertices are generated inside the pre-
image F −1 in U × V space (line 4) and their image via S is calculated (line 7). Such a trial 
vertex p is rejected if (a) it is too close to other vertices already accepted in VF (line 11) or (b) if 
it is contained in the smallest ball defined by a pair of vertices consecutive on a loop Lj. The 
closeness criteria is dictated by the maximal curvature Kmax (S(u, v)) at p=S(u, v) (line 5). 
In case (a) each already accepted vertex in Vf  is tested for inclusion inside a ball B(p, R) 

 

centered at p with radius R = polygon_side (r, Nsides) (line 9). In case (b) each segment vi vj 
in the sample of the border is tested as a Gabriel segment (1-simplex) with respect to the 
candidate p. If every segment of the border is Gabriel with respect to p, we assume that p is 
not too close to the border (line 10).  
 
Algorithm 3 Sprinkle triangulation vertices on Face F  
F : Input. Face to triangulate. 
F −1 : pre-image of Face F in space U × V  
S(u, v): Underlying surface for Face F. 
∂F = {L0 ,..., Ln }: Loops Bounding the Face F. 
Nf: Number of tolerated failures. 
VF : Output. Vertex set sampled on Face F. 
  1: VF = sampling of boundary ∂F 
  2: f ails = 0 
  3: while f ails ≤ Nf  do 

  4: generate parameter pair (u, v) ∈ F −1
 

  5: k = Kmax (S(u, v)) 
  6: r = 1/k 
  7: p = S(u, v) 
  8: R = polygon side(r, Nsides ) 
  9: if ∄q ∈ VF such that q ∈ B(p, R) then 
10:    if ∃vi vj , a segment of the boundary, 

   such that: p ∈ BG (vi , vj ) then 
11:       f ail = f ail + 1 
12: else 
13:        VF = VF ∪ {p} 
14:        f ail = 0 
15:     end if 
16: else 
17:     f ail = f ail + 1 
18: end if 
19: end while 

 
 
 

Gabriel-constrained Parametric Surface Triangulation 527

 

 
(a) First a sampled vertex vx is inside of  
BG (vcurr, vnext).    Segment (vcurr, vnext) is  
not Gabriel 1-simplex. 

 
(b) When algorithm   2   inserts vnew,   segment 
vcurr vnext   is  replaced  by  segments  vcurr vnew 
and vnew vnext. No point sampled is inside balls 
BG (vcurr, vnew)  and  BG  (vnew, vnext).     Segments 
vcurr vnew and vnew vnext are Gabriel 1-simplex. 

Fig. 7. The two basic steps of algorithm 2. 

 
3.3 Face Sampling. Vertex Sprinkle on Face F 
Algorithm 3 constructs the vertex set VF  of the triangulation sought for face F. The 
initialization of VF (line 1) is done with the vertices sampled on the boundary loops of F , 
∂F = {L0 ,..., Ln }, as per algorithm 1. Such vertices correctly sample ∂F. However, the 
interior int(F ) needs to be sampled. To do so, trial vertices are generated inside the pre-
image F −1 in U × V space (line 4) and their image via S is calculated (line 7). Such a trial 
vertex p is rejected if (a) it is too close to other vertices already accepted in VF (line 11) or (b) if 
it is contained in the smallest ball defined by a pair of vertices consecutive on a loop Lj. The 
closeness criteria is dictated by the maximal curvature Kmax (S(u, v)) at p=S(u, v) (line 5). 
In case (a) each already accepted vertex in Vf  is tested for inclusion inside a ball B(p, R) 

 

centered at p with radius R = polygon_side (r, Nsides) (line 9). In case (b) each segment vi vj 
in the sample of the border is tested as a Gabriel segment (1-simplex) with respect to the 
candidate p. If every segment of the border is Gabriel with respect to p, we assume that p is 
not too close to the border (line 10).  
 
Algorithm 3 Sprinkle triangulation vertices on Face F  
F : Input. Face to triangulate. 
F −1 : pre-image of Face F in space U × V  
S(u, v): Underlying surface for Face F. 
∂F = {L0 ,..., Ln }: Loops Bounding the Face F. 
Nf: Number of tolerated failures. 
VF : Output. Vertex set sampled on Face F. 
  1: VF = sampling of boundary ∂F 
  2: f ails = 0 
  3: while f ails ≤ Nf  do 

  4: generate parameter pair (u, v) ∈ F −1
 

  5: k = Kmax (S(u, v)) 
  6: r = 1/k 
  7: p = S(u, v) 
  8: R = polygon side(r, Nsides ) 
  9: if ∄q ∈ VF such that q ∈ B(p, R) then 
10:    if ∃vi vj , a segment of the boundary, 

   such that: p ∈ BG (vi , vj ) then 
11:       f ail = f ail + 1 
12: else 
13:        VF = VF ∪ {p} 
14:        f ail = 0 
15:     end if 
16: else 
17:     f ail = f ail + 1 
18: end if 
19: end while 

 
 
 



Recent Advances in Technologies526

 

 
(a) First a sampled vertex vx is inside of  
BG (vcurr, vnext).    Segment (vcurr, vnext) is  
not Gabriel 1-simplex. 

 
(b) When algorithm   2   inserts vnew,   segment 
vcurr vnext   is  replaced  by  segments  vcurr vnew 
and vnew vnext. No point sampled is inside balls 
BG (vcurr, vnew)  and  BG  (vnew, vnext).     Segments 
vcurr vnew and vnew vnext are Gabriel 1-simplex. 

Fig. 7. The two basic steps of algorithm 2. 

 
3.3 Face Sampling. Vertex Sprinkle on Face F 
Algorithm 3 constructs the vertex set VF  of the triangulation sought for face F. The 
initialization of VF (line 1) is done with the vertices sampled on the boundary loops of F , 
∂F = {L0 ,..., Ln }, as per algorithm 1. Such vertices correctly sample ∂F. However, the 
interior int(F ) needs to be sampled. To do so, trial vertices are generated inside the pre-
image F −1 in U × V space (line 4) and their image via S is calculated (line 7). Such a trial 
vertex p is rejected if (a) it is too close to other vertices already accepted in VF (line 11) or (b) if 
it is contained in the smallest ball defined by a pair of vertices consecutive on a loop Lj. The 
closeness criteria is dictated by the maximal curvature Kmax (S(u, v)) at p=S(u, v) (line 5). 
In case (a) each already accepted vertex in Vf  is tested for inclusion inside a ball B(p, R) 

 

centered at p with radius R = polygon_side (r, Nsides) (line 9). In case (b) each segment vi vj 
in the sample of the border is tested as a Gabriel segment (1-simplex) with respect to the 
candidate p. If every segment of the border is Gabriel with respect to p, we assume that p is 
not too close to the border (line 10).  
 
Algorithm 3 Sprinkle triangulation vertices on Face F  
F : Input. Face to triangulate. 
F −1 : pre-image of Face F in space U × V  
S(u, v): Underlying surface for Face F. 
∂F = {L0 ,..., Ln }: Loops Bounding the Face F. 
Nf: Number of tolerated failures. 
VF : Output. Vertex set sampled on Face F. 
  1: VF = sampling of boundary ∂F 
  2: f ails = 0 
  3: while f ails ≤ Nf  do 

  4: generate parameter pair (u, v) ∈ F −1
 

  5: k = Kmax (S(u, v)) 
  6: r = 1/k 
  7: p = S(u, v) 
  8: R = polygon side(r, Nsides ) 
  9: if ∄q ∈ VF such that q ∈ B(p, R) then 
10:    if ∃vi vj , a segment of the boundary, 

   such that: p ∈ BG (vi , vj ) then 
11:       f ail = f ail + 1 
12: else 
13:        VF = VF ∪ {p} 
14:        f ail = 0 
15:     end if 
16: else 
17:     f ail = f ail + 1 
18: end if 
19: end while 

 
 
 

Gabriel-constrained Parametric Surface Triangulation 527

 

 
(a) First a sampled vertex vx is inside of  
BG (vcurr, vnext).    Segment (vcurr, vnext) is  
not Gabriel 1-simplex. 

 
(b) When algorithm   2   inserts vnew,   segment 
vcurr vnext   is  replaced  by  segments  vcurr vnew 
and vnew vnext. No point sampled is inside balls 
BG (vcurr, vnew)  and  BG  (vnew, vnext).     Segments 
vcurr vnew and vnew vnext are Gabriel 1-simplex. 

Fig. 7. The two basic steps of algorithm 2. 

 
3.3 Face Sampling. Vertex Sprinkle on Face F 
Algorithm 3 constructs the vertex set VF  of the triangulation sought for face F. The 
initialization of VF (line 1) is done with the vertices sampled on the boundary loops of F , 
∂F = {L0 ,..., Ln }, as per algorithm 1. Such vertices correctly sample ∂F. However, the 
interior int(F ) needs to be sampled. To do so, trial vertices are generated inside the pre-
image F −1 in U × V space (line 4) and their image via S is calculated (line 7). Such a trial 
vertex p is rejected if (a) it is too close to other vertices already accepted in VF (line 11) or (b) if 
it is contained in the smallest ball defined by a pair of vertices consecutive on a loop Lj. The 
closeness criteria is dictated by the maximal curvature Kmax (S(u, v)) at p=S(u, v) (line 5). 
In case (a) each already accepted vertex in Vf  is tested for inclusion inside a ball B(p, R) 

 

centered at p with radius R = polygon_side (r, Nsides) (line 9). In case (b) each segment vi vj 
in the sample of the border is tested as a Gabriel segment (1-simplex) with respect to the 
candidate p. If every segment of the border is Gabriel with respect to p, we assume that p is 
not too close to the border (line 10).  
 
Algorithm 3 Sprinkle triangulation vertices on Face F  
F : Input. Face to triangulate. 
F −1 : pre-image of Face F in space U × V  
S(u, v): Underlying surface for Face F. 
∂F = {L0 ,..., Ln }: Loops Bounding the Face F. 
Nf: Number of tolerated failures. 
VF : Output. Vertex set sampled on Face F. 
  1: VF = sampling of boundary ∂F 
  2: f ails = 0 
  3: while f ails ≤ Nf  do 

  4: generate parameter pair (u, v) ∈ F −1
 

  5: k = Kmax (S(u, v)) 
  6: r = 1/k 
  7: p = S(u, v) 
  8: R = polygon side(r, Nsides ) 
  9: if ∄q ∈ VF such that q ∈ B(p, R) then 
10:    if ∃vi vj , a segment of the boundary, 

   such that: p ∈ BG (vi , vj ) then 
11:       f ail = f ail + 1 
12: else 
13:        VF = VF ∪ {p} 
14:        f ail = 0 
15:     end if 
16: else 
17:     f ail = f ail + 1 
18: end if 
19: end while 

 
 
 



Recent Advances in Technologies528

 

 
Fig. 8. Goal Point Population on face F 
 

 
Fig. 9. Curvature-sensitive Sprinkle Airbrush F 
 
A segment is said to be sampled in the boundary, if its two end vertices are consecutive in a 
loop Lj ∈ ∂F. If tests (a) and (b) are passed, p is accepted in VF (line 13). Fig. 6 depicts that 
the value for R is computed as the cord of the Nsides -regular polygon inscribed in the 
circle with radius 1/k. Function polygon_side(r, Nsides) equals to 2r sin(л/Nsides). Fig. 5 displays 
the two tests mentioned in items (a) and (b) above. 
 
3.4 Face Triangulation. Gabriel Connectivity on Vertex Set VT. 
Algorithm 4 builds the connectivity inside the vertex set VF. The algorithm seeks to 
complete edges (v0 , v1 ) already known to belong to the triangulation T (line 6) with an 
additional vertex vnew to build a Gabriel Triangle (v0 , v1 , vnew ) (line 9). 
Any internal Gabriel triangle is the first formed triangle (lines 1,4). It is also a seed to initialize 
the Queue of edges potentially able to span Gabriel triangles. 
If the edge extracted from the Queue is part of the boundary, it is not expanded any more 
(line 7). All the edges which are part of the boundary will be found because they are Gabriel 
1-simplex and make part of a Gabriel 2-simplex. If a Gabriel triangle (v0 , v1 , vnew ) can be 
built, it is added to the triangulation T (line 10). If a Gabriel triangle can be built using 
only an existing edge (v0 , v1 ) and a new vertex vnew , the general situation is that the new 
edges (v0 , vnew ) and (vnew , v1 ) should be queued to be eventually expanded (line 20). 
However, this is not always the case, since such a triangle may use 1 or 2 additional edges 

 

Algorithm 4 Triangle Connectivity in the set VF  
VF : Input. Vertex set sampled on Face F 
Queue: List of triangle edges to expand. 
∂F = {L0 ,..., Ln }: Loops Bounding the Face F. 
T : Output. Triangulation. 
 
  1: seed = triangle_in_interior(F ) 
  2: {(v0 , v1 ), (v1 , v2 ), (v2 , v0 )} = edges_of_triang(seed) 
  3: Queue = {(v0 , v1 ), (v1 , v2 ), (v2 , v0 )} 
  4: T = { seed} 
  5: while (Queue = Φ) do 
  6: edge_to_ expand = extract(Queue) 
  7: if edge_to_expand is not part of the sample of the boundary then 
  8: (v0 , v1 ) = vertices(edge to expand) 
  9: vnew = vert_f or_Gabriel_2_Simplex(VF , v0 , v1) 
10: T = T ∪ {(v0 , v1 , vnew )} 
11: if ((v0 , vnew ) ∈ Queue) ∧ ((vnew , v1 ) ∈ Queue) then 
12: Queue = Queue − {( v0 , vnew ), (vnew , v1)} 
13: else if ((v0 , vnew ) ∈ Queue) then 
14: Queue = Queue − {( v0 , vnew )} 
15: Queue = Queue ∪ {( v1, vnew )} 
16: else if ((vnew , v1 ) ∈ Queue) then 
17: Queue = Queue − {( vnew , v1 )} 
18: Queue = Queue ∪ {( vnew , v0)} 
19: else 
20: Queue = Queue ∪ {( v1 , vnew ), (vnew , v0)} 
21: end if 
22: end if 
23: end while 
already in the queue. In the first case, the triangle is filling a corner (lines 13-18). In the 
second case, the triangle is filling a triangular hole (lines 11,12). In such special cases 
additional edges (1 or 2 besides the expanded one) should be taken away from the queue. 

 
4.    Complexities of the algorithms 
 

Time and space complexities of all the algorithms were found. They are all output sensitive; 
that is, their complexities depends on the size of the output given by them. The first 3 
algorithms depend on the number of nodes generated by them. The last algorithm depends 
on the number of nodes in the input and in the number of triangles generated. 
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Algorithm 4 Triangle Connectivity in the set VF  
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Queue: List of triangle edges to expand. 
∂F = {L0 ,..., Ln }: Loops Bounding the Face F. 
T : Output. Triangulation. 
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4.    Complexities of the algorithms 
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that is, their complexities depends on the size of the output given by them. The first 3 
algorithms depend on the number of nodes generated by them. The last algorithm depends 
on the number of nodes in the input and in the number of triangles generated. 
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4.1 Edge Sampling 
The time and space complexities of algorithm 1, have been found in the following manner. 
1. Time complexity. The operations with the curve and the operations to find the 
curvatures are dependent upon the parameterization and not in the number of points 
generated. Because of this, the time complexities of all the operations within the loop, (lines 
3 to 11), can be assumed as O (1). The loop is repeated NEj times. NEj is the number of 
points generated to sample the edge Ej. The time complexity of algorithm 1 is O (NEj). 2. 
Space complexity. As the algorithm only stores the points generated, the space complexity 
is O (NEj ). 

 
4.2 Loop Resampling 
The time and space complexities of algorithm 2, have been found in the following manner: 

1. Time complexity. Let N∂F be the number of vertices in V∂F , at the end of 
algorithm 2. For algorithm 2 the following facts hold: 

(a) N∂F changes. In the worst case it grows as an arithmetic progression with 
difference 1. That is why in this paper the calculations are simplified by 
considering, at any step, N∂F as the number of vertices in V∂F. 
(b) The number of segments in V∂F is the same as the number of points. 
(c) Each time a segment vcurr vnext is tested to be Gabriel 1-simplex, (line 7), 
algorithm 2 tests all the points in V∂F. This takes time O (N∂F). 
(d) The number of segments tested will be O (N∂F ), no matter the number of 
points added to the sample in the previous step. 
(e) The worst case scenario occurs when only one point is added at the time. 
This is because of fact (d). In that case, the loop from lines 1 to 21 is repeated 
N∂F times. 
(f) The worst case escenario occurs when only 3 vertices have been generated by 
algorithm 1. This is the worst case because it means that all but 3 of the points in V∂F 
are generated by algorithm 2. The number of times that the loop between lines 1 to 
21 is repeated is O (N∂F ). 
Combining facts (c), (d) and (e) the worst case time complexity of the algorithm 
2 is O ( 3

FN ). 

2. Space complexity. Only V∂F  is stored by the algorithm. The space complexity of 
algorithm 2 is O (N∂F ). 

 
4.3 Face Sampling 
The time and space complexities of algorithm 3, have been found in the following 
manner: 

1. Time complexity. The algorithm terminates if variable f ails > Nf ; so for each new 
point, the algorithm tries at most Nf times. The number of times that the loop between 
lines 3 and 19 is O (Nf × N ), being NF the number of points generated in the interior of 
the face. In the loop, for a new generated point p two tests are performed: 

 

(a) In line 9, every q ∈ VF is tested for inclusion in B (p, R). R is as described in line 8. 
This operation can be performed in O (NF + N∂F). 
(b) In line 10, p is tested for inclusion in every BG (vi , vj ), where vi , vj are two 
consecutive points in the sample of the boundary of F. This operation can be 
performed in O (N∂F ). 
The worst complexity is that of test (a). 
Combining test (a) with the number of times the loop between lines 3 and 9 is re- 
peated, we have that the complexity of the algorithm is: O (Nf × NF (NF + N∂F)). 

2. Space complexity. The algorithm only stores the points that are accepted. The space 
complexity of the sampling algorithm is O (NF ). 

 
4.4 Face Triangulation 
The time and space complexities of the algorithm 4, have been found in the following 
manner. 

1. Time complexity. For algorithm 4, the following facts hold: 
(a) Each time that the loop (lines 5 to 23) is repeated, this algorithm checks a 
different edge that belongs to the triangulation. The number of edges that belong 
to the triangulation is a linear function of the number of triangles (i.e each new 
triangle adds a maximum of 3 edges). The number of triangles generated will be 
denoted as: NT.  
(b) The operation vert_for_Gabriel_2_Simplex (line 9), is the one that has the highest 
complexity within the loop (lines 5 to 23). The rest of the operations have O (1) 
complexity. 
(c) For the vert_for_Gabriel_2_Simplex (line 9) operation, first a candidate vertex (r) is 
chosen. This vertex can complete a Gabriel simplex given the edge v0 v1. All the 
points in VF , except for v0 v1 and r are tested for inclusion in BG (v0 v1, r). Using a 

naive approach, the time complexity of this operation would be O (N 2), where N is 
the number of vertices in VF. 

Combining facts (a), (b) and (c), the complexity of algorithm 4 is O (NT × N 2). 
2. Space complexity. The algorithm stores a set of edges in Queue. As a topological 
constrain, Queue can only contain the same edge twice. The number of edges stored is, in 
the worst case, a linear function of the number of triangles stored. The space complexity 
is O (NT ). 

 
5.. Results 
 

Several Boundary Representations B-Reps were used to test the implemented algorithm, 
proposed in this article. Such B-reps have genera 3 or superior, and present faces F whose  
underlying surfaces S are parametric ones of the NURBS or Spline types. An Nf = 1000 
maximal number of failed trials was used to stop the sprinkle of vertices on F (generation of 
the set VF ). The number of sides for the approximating polygon was Nsides = 30. Figs. 10, 
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11 and 13 show complex B-Reps. Other examples of B-reps triangulated include a model of a 
pre-columbian fish in Fig. 14, a support of an axle in Fig. 15, and a stub axle in Fig. 16.  
The attention of the reader is called to the fact that the connectivity construction is a process 
completely independent of the vertex generation process. Since the vertex generation 
algorithm (Sprinkle) is the most critical one, the execution time was recorded for such an 
aspect.  
For the models Pump and Hands, Figs. 12(a) and 12(b) show execution times, corresponding 
to the vertex generation process. Fig. 12(c) shows the comparison of vertex generation 
times for such runs. 
 

 
Fig. 10. Pump carter [17]. Colormap according to quality of triangles. 
 

 
Fig. 11. 2 hands with 3 genus, scanned and reconstructed using RainDrop Geomagic. 
Colormap according to the size of the triangles 

 

 
(a) Sample time per face for the pump.     (b) Sample time per face for the two hands. 

 
(c) Comparison between the hands (NURBS) and the Pump Carter. Hands time in solid line, 
Pump time in dotted line 
Fig. 12. Times spent sampling the faces and their comparison. 
 

 
Fig. 13. Other view of the 2 hands with 3 genus. Colormap according to the quality of the 
triangles. 
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(c) Comparison between the hands (NURBS) and the Pump Carter. Hands time in solid line, 
Pump time in dotted line 
Fig. 12. Times spent sampling the faces and their comparison. 
 

 
Fig. 13. Other view of the 2 hands with 3 genus. Colormap according to the quality of the 
triangles. 
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Fig. 14. Artificial replica of a pre-columbian gold fish [15]. Colormap according to size of the 
triangles 

 
Fig. 15. Support of an axle. Colormap according to size of the triangles 
 

 
Fig. 16. Stub axle [18]. Colormap according to the quality of the triangles 

 

6. Conclusions and future work 
 

The proposed algorithm for generating triangulation vertex sets and for calculating the 
connectivity among them proved to function correctly, even for very extreme geometries 
and topologies. Several aspects of the algorithm must be addressed: the continuity of triangle 
sizes at the Face Edges, the possibility of undertaking re-meshing of already existing 
triangulations and its related endeavor, namely the level of detail, necessary for Finite 
Element Analysis applications. Additional research is needed in algorithms that (i) take 
advantage of the concepts presented in the heuristic algorithm proposed here, but (ii) can be 
proved correct. 
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1. Introduction 
 

Laser heating involves the use of high intensity laser radiation to rapidly heat the surface of 
metals for melting, forming or hardening. For some of the laser heat treatment of metals, it is 
preferable to use a wider laser beam (larger size of beam spot) with a uniform heat intensity 
distribution, e.g. for laser surface hardening in order to attain a more uniform hardened 
depth, a wide and uniform laser beam is needed. This can be accomplished by the following 
three approaches (Luxon, 1984): 
The first one is achieved by rotating the beam optically, thereby producing an overlapping 
spiral track or by dithering the beam (rocking the lens or mirror) perpendicular to the track, 
thus producing a zigzag pattern. Figure 1 is an illustration of these techniques. The second 
alternative involves the use of a bimodal (TEM11) shaped laser beam. Unfortunately it is 
difficult to maintain a high-quality, high-order mode over a long period of time. The third 
alternative involves the use of not-so-sharp focused high-peak power, low order (TEM00) 
mode Gaussian laser beam. 
 

 
Fig. 1. Active methods for spreading out a laser beam for surface treatment applications 
 
The first theoretical and experimental investigations of laser heating of materials dated back 
to 1960s. Laser heating, although possible for a number of years, is a technology which is 
still in its infancy. Modeling (analytically or numerically) the thermal field due to laser 
heating has been subject to many researches. Some of these works were carried out on 
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to 1960s. Laser heating, although possible for a number of years, is a technology which is 
still in its infancy. Modeling (analytically or numerically) the thermal field due to laser 
heating has been subject to many researches. Some of these works were carried out on 
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quasi-steady state, e.g. (Rajadhyaksha & Michaleris, 2000). In the other works a transient 
model were developed to model the thermal field in laser heating, e.g. (Komanduri & Hou, 
2004). Numerical integration, finite difference, and finite element have all been successful in 
predicting thermal field of laser heating metals for different laser beam distributions. 
In analytical thermal models it is assumed that the thermal properties of materials are 
constant. However the thermal properties of materials change a lot with temperature, 
because of that the numerical results agree better than the analytical results with the 
experimental results. The analytical models are usually used to improve the results of the 
numerical models by finding the parameters of the numerical model properly.  
In this chapter the thermal fields during laser heating with rotating beam (LHR) and laser 
heating with dithering beam (LHD) are modeled by employing both three-dimensional 
analytical model and finite element model. In the finite element model the laser beam is 
considered as a moving plane heat flux to establish the temperature rise distribution in the 
work-piece, while in the analytical model laser beam is considered as an internal heat 
generation.  
At the second part of this chapter the thermal fields of LHR and LHD are used to predict the 
hardened region of laser hardening with rotating and dithering beams. In this chapter also 
the advantages of using rotating and dithering beams for laser forming of plates are 
explored. The temperature distribution from the thermal modeling is input as a body load 
for a three-dimensional nonlinear structural analysis to predict the distortions of laser 
forming with dithering and rotating beams.  
Since all these simulations are according to uncoupled thermoelasticity, at the last part of 
this chapter a study is done to see the accuracy of these simulations. Thermoelastic 
temperature, displacement and stress in heat transfer during laser surface hardening are 
solved in both Lagrangian and Eulerian formulations of coupled thermoelectricity. 

 
2. Mathematical modeling of temperature during LHR and LHD 
 

 In this section, the transient thermal field in LHR and LHD are modeled by employing both 
three-dimensional analytical model and three-dimensional numerical model. For LHR and 
LHD even if the heat flux is fixed in space and the work-piece moves (Eulerian formulation) 
the thermal field remains transient and doesn’t reduce to a steady-state problem, hence the 
thermal modeling of LHR and LHD needs a Lagrangian system with transient formulation. 
In a typical Lagrangian system, both the reference and the material configuration are fixed 
in space and all the spatial parameters are calculated with respect to the fixed reference 
configuration. 

 
2.1 Analytical model 
An analytical model, based on the well-known transient heat conduction equation, is 
adopted to describe the time and space temperature distribution T(r,t) in the material under 
the action of a laser beam that may dithering or rotating: 
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where cp , ρ and K denote, respectively, the specific heat, density and thermal conductivity of 
the work-piece and the heat source term f(r,t), at the right side of the Eq. (1), is identified as 
the heat distribution of the laser beam. 
If cp , ρ and K are temperature independent, Eq. (1) is reduced to: 
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where pcK  / , is the thermal diffusivity. In the case of three-dimensional transient, 
nonhomogeneous heat conduction problem given by Eq. (2), the solution for T(r,t) can be 
expressed in term of the three-dimensional Green’s function (Farrahi & Sistaninia, 2009),  
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where )'(rF  is the initial temperature distribution. A Green's function is an integral kernel 
that can be used to solve an inhomogeneous differential equation with boundary conditions. 
It plays an important role in the solution of linear ordinary and partial differential 
equations, and is a key component to the development of boundary integral equation 
methods. For an arbitrary linear differential operator L in three dimensions, the Green's 
function )',( rrG  is defined by analogy with the one-dimensional case by,  
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For the Eq. (3) the three-dimensional Green’s function in rectangular coordinates can be 
obtained from the product of three one-dimensional Green’s function as: 
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For this problem ( , , , | ', ', ', )G x y z t x y z   denotes the temperature at point (x, y, z) at time t due 
to a point source at point ( ', ', ')x y z at time with the intensity distribution of ( ', ', ', )f x y z  . 
Since only at z’=0; ( ', ', ', ) 0f x y z   , the three-dimensional Green’s function, 
( , , , | ', ', ' 0, )G x y z t x y z   should be found. The one-dimensional Green’s functions G1, G2 

and G3 in Eq. (5) depend on the extent of the region (i.e., finite, semi infinite or infinite) and 
the boundary conditions. In table (1) the one dimensional Green’s functions for different 
regions and boundary conditions are presented from Refs. (Polyanin, 2002) and (Me 
Sistaninia et al., 2009). 
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explored. The temperature distribution from the thermal modeling is input as a body load 
for a three-dimensional nonlinear structural analysis to predict the distortions of laser 
forming with dithering and rotating beams.  
Since all these simulations are according to uncoupled thermoelasticity, at the last part of 
this chapter a study is done to see the accuracy of these simulations. Thermoelastic 
temperature, displacement and stress in heat transfer during laser surface hardening are 
solved in both Lagrangian and Eulerian formulations of coupled thermoelectricity. 

 
2. Mathematical modeling of temperature during LHR and LHD 
 

 In this section, the transient thermal field in LHR and LHD are modeled by employing both 
three-dimensional analytical model and three-dimensional numerical model. For LHR and 
LHD even if the heat flux is fixed in space and the work-piece moves (Eulerian formulation) 
the thermal field remains transient and doesn’t reduce to a steady-state problem, hence the 
thermal modeling of LHR and LHD needs a Lagrangian system with transient formulation. 
In a typical Lagrangian system, both the reference and the material configuration are fixed 
in space and all the spatial parameters are calculated with respect to the fixed reference 
configuration. 

 
2.1 Analytical model 
An analytical model, based on the well-known transient heat conduction equation, is 
adopted to describe the time and space temperature distribution T(r,t) in the material under 
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where )'(rF  is the initial temperature distribution. A Green's function is an integral kernel 
that can be used to solve an inhomogeneous differential equation with boundary conditions. 
It plays an important role in the solution of linear ordinary and partial differential 
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methods. For an arbitrary linear differential operator L in three dimensions, the Green's 
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Table 1. One-dimensional Green’s functions 
 
For example for a semi infinite medium with isolated boundary condition (along Z 
direction) the three-dimensional Green’s function can be found by substitutions ),'|,(1 xtxG  
and ),'|,(2 ytyG  from Eq. (6) and ),'|,(3 ztzG from Eq. (7), in Eq. (5), 
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The temperature distribution for the semi infinite medium could be obtained by substitution 
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In this equation, f(x-rcosθ, y-rsinθ, τ) is the beam intensity distribution, which for a Gaussian 
heat intensity distribution that moves along a straight line is obtained as, 
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where ro is the characteristic radius, defined as the radius at which the intensity of the laser 
beam falls to 5 % of the maximum intensity, Q is the power transferred into the substrate 
(equal to PA , where A is the absorptivity and P is the laser power) and ν is the laser 
velocity along moving line (longitudinal velocity).  
The thickness of the work-pieces used for laser heat treatment is usually enough to model it 
as a semi infinite medium. In Figure 2 the effects of thickness on the temperature history of a 
point on the heated surface is shown. As you see the thickness of the work-piece for 
thicknesses bigger than the diameter of the laser spot (3mm) dose not affect the temperature 
profile. Hence for this case the work-pieces with thickness bigger than 3mm can be modeled 
as a semi infinite medium. 
 

 
Fig. 2. Temperature history of a Gaussian beam mode of a work piece with different 
thickness (characteristic radius of heat flux ro=3mm, Power Q=340 W and velocity 
v=30mm/s) 
 
For a dithering beam f(x-rcosθ,y-rsinθ,τ) is obtained as (Farrahi & Sistaninia, 2009), 
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where lmax is the amplitude and τ* is the period of every cycle. For a rotating beam the beam 
intensity distribution is obtained as, 
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In this equation, f(x-rcosθ, y-rsinθ, τ) is the beam intensity distribution, which for a Gaussian 
heat intensity distribution that moves along a straight line is obtained as, 
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where ro is the characteristic radius, defined as the radius at which the intensity of the laser 
beam falls to 5 % of the maximum intensity, Q is the power transferred into the substrate 
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where lmax is the amplitude and τ* is the period of every cycle. For a rotating beam the beam 
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heat intensity distribution that moves along a straight line is obtained as, 




















 
 2

22

2

)sin()cos(33),sin,cos(
oo r

ryvrx
r
Qryrxf 


 exp  (13) 

 
where ro is the characteristic radius, defined as the radius at which the intensity of the laser 
beam falls to 5 % of the maximum intensity, Q is the power transferred into the substrate 
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where lmax is the amplitude and τ* is the period of every cycle. For a rotating beam the beam 
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Table 1. One-dimensional Green’s functions 
 
For example for a semi infinite medium with isolated boundary condition (along Z 
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The temperature distribution for the semi infinite medium could be obtained by substitution 
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In this equation, f(x-rcosθ, y-rsinθ, τ) is the beam intensity distribution, which for a Gaussian 
heat intensity distribution that moves along a straight line is obtained as, 
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where ro is the characteristic radius, defined as the radius at which the intensity of the laser 
beam falls to 5 % of the maximum intensity, Q is the power transferred into the substrate 
(equal to PA , where A is the absorptivity and P is the laser power) and ν is the laser 
velocity along moving line (longitudinal velocity).  
The thickness of the work-pieces used for laser heat treatment is usually enough to model it 
as a semi infinite medium. In Figure 2 the effects of thickness on the temperature history of a 
point on the heated surface is shown. As you see the thickness of the work-piece for 
thicknesses bigger than the diameter of the laser spot (3mm) dose not affect the temperature 
profile. Hence for this case the work-pieces with thickness bigger than 3mm can be modeled 
as a semi infinite medium. 
 

 
Fig. 2. Temperature history of a Gaussian beam mode of a work piece with different 
thickness (characteristic radius of heat flux ro=3mm, Power Q=340 W and velocity 
v=30mm/s) 
 
For a dithering beam f(x-rcosθ,y-rsinθ,τ) is obtained as (Farrahi & Sistaninia, 2009), 
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where lmax is the amplitude and τ* is the period of every cycle. For a rotating beam the beam 
intensity distribution is obtained as, 
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where lmax is the amplitude and τ* is the period of every rotate and a is the diameter of 
rotation along moving line, it should be chosen so that cover the area properly. The best 
choice for a is half of the distance that laser in every period moves (i.e. a=ντ*/2).  
For a dithering beam with uniform velocity in every half of cycle the f(x-rcosθ,y-rsinθ,τ) 
changes and is obtained as, 
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where ν is the laser velocity component along moving line (longitudinal velocity) and ν* is 
the laser velocity component across moving line. For other beam intercity distributions 
( ', ', ', )f x y z  can be obtained (Farrahi & Sistaninia, 2009). 

 
2.2 Numerical model 
The basic heat-transfer equations considered for the numerical model are,  
 

F = ( )KT     (17-a) 
 
Which relates the heat flux F to thermal gradient  
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which applies to nonsteady-state heat conduction, where G is the internal generation of 
heat. Internal heat generation, G, is zero for where the incident laser power is modeled as a 
heat flux. In this model, the time during the continuous laser irradiation is divided to n time 
increments Δt. During each time increment Δt, it can be assumed that the laser beam does 
not move and the program determines the thermal load for each node on the heated surface, 
which depends on the laser beam position, heat intensity distribution and the node position. 
The laser beam position depends on the moving path, speed and time, thus the value of load 
for each node on the heated surface is a function of time and position. In each time 
increment, the finite element code ANSYS is used to compute the solution of Eq. (17). The 
result of every time increment is the initial condition of next time increment. For small Δt it 
seems that the laser moves continuously. The flow chart of the finite element simulation is 
shown in 0. 

In the model, it is necessary to make a decision about the element size and shape, time 
increment and number of step n* for every time increment. This decision has been made 
with the help of the analytical model. Since these quantities are not independent, the  
following relations can be written. 
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The Fourier number Fo, which includes material thermo-diffused coefficient , time step Δt* 
and node spacing Δx, should be below 2. For small time increment every load step can be 
solved by one substep (i.e. n*=1 and Δt= Δt*).  
 

 
Fig. 3. Flow chart of the numerical thermal modeling  
 
The effects of the elements size and time increment on the results of the finite element model 
can be studied by comparing the results of the finite element model with the results of the 
analytical model for uniform thermal properties. Figure 4 shows a comparison between the 
analytical results and the FEM results for different mesh sizes. This figure shows the 
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The effects of the elements size and time increment on the results of the finite element model 
can be studied by comparing the results of the finite element model with the results of the 
analytical model for uniform thermal properties. Figure 4 shows a comparison between the 
analytical results and the FEM results for different mesh sizes. This figure shows the 
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temperature history of a point on the heated surface at x = 3.5 mm and y = 1 mm during 
LHD.  

 
Fig. 4. Comparison of finite element model and analytical model results for LHD 
 
In this comparison the model has been discretized by cubic element, in order to improve 
efficiency and reduce calculation, there are dense meshes around the heated region and for 
every cycle 12 load steps have been used. The thickness of the FEM model, 4 mm was 
chosen. The mesh 1 relates to a meshing for where the distance between nodes on the heated 
surface and around the heated region is 0.25 mm, thus the mesh under the laser is such that 
it has sufficient number of elements to capture the inflection of the Gaussian distribution. As 
it is obvious for this case, there is a good agreement between FEM result and analytical 
result. The mesh 2 relates to a meshing which the distance between nodes on the heated 
surface and around the heated region is 0.5 mm and four elements were used along the z-
direction (in thickness direction) and the mesh 3 relates to a meshing which the distance 
between the nodes on the heated surface and around the heated region again is 0.5 mm and 
eight elements were used along the z-direction. 
Although the time of one cycle is so small (0.1 s) , at least six load steps for every cycle are 
needed and if the number of the load steps for every cycle increase more than 12 load steps 
the error does not decrease significantly. 
After that the parameters of the finite element model (elements sizes and time increments) 
are chosen properly, realistic effects like temperature-dependent thermal properties, specific 
heat and thermal conductivity, can be included in the model. 

 
3. Thermal analysis of laser hardening for different moving patterns 
 

In laser surface hardening, the work-piece is heated on the surface by a laser beam. The laser 
travels from one end of the work-piece to the other. In order to achieve the phase 
transformation, the temperature in the hardening zone, should be greater than the phase 
change temperature (Tphase). However, the temperature should not exceed the melting 
temperature and should be high and long for the austenitic transformation of steel to take 
place. In order to activate phase change, the cooling rate should also be greater than the 
critical cooling rate. The high cooling rate of the work-piece is achieved by the speed of the 
torch and the heat loss from the work-piece. 
The models, are developed in the previous sections, is used in the analysis and optimization 
of the laser surface-hardening process of a gear tooth. Figure 7 is a schematic of the laser 
surface transformation hardening of a gear tooth with LHD, showing salient features of the 

process (Farrahi & Sistaninia, 2009). In this work the laser beam traverses longitudinally 
along the work surface (x-axis) at a longitudinal velocity of vsc followed by an appropriate 
transverses feed, f along the y-axis. This sequence will be repeated till the entire surface of 
the gear tooth is hardened to a given depth. The dotted line indicates the required depth of 
hardening, which in this investigation is taken as 0.12 mm. We adopt the same example (0) 
used In Ref. (Komanduri & Hou, 2004). 
The dimensions of the gear tooth used are shown in 0, although only a 10mm layer from 
heated surface are considered in order to reduce calculation time. A Laser beam of diameter 
3 mm, and normal intensity distribution (for LHD and LHR), power of 480 W and 
absorptivity of A=71% is used. The gear is made of steel AISI 1036. The thickness of the 
hardening layer is taken as 0.12 mm. The phase transition temperature for the AISI 1036 
steel is taken as 775 oc and the melting temperature as 1470 oc and a critical martensite 
temperature of 430 oc (Farrahi & Sistaninia, 2009). In order to obtain Martensite, according to 
literatures, the martensizing temperature should be reached in less than 3.5s from the 
austenizing temperature. Hence the critical cooling rate to achieve martensite is 91.43 oc/s. 
The material has non-linear conductivity K and specific heat cp, since these material 
properties depend on the temperature (ASM International, 1994). The diffusion process is a 
time dependent phenomenon; an interaction time of 15 ms is taken as a basis to determine 
the hardened region. 
 

 
Fig. 5. Schematic of the laser surface transformation hardening of a gear tooth.  
 
0 shows the variation of the maximum temperature in a section on the heated surface with 
the distance from the center line, y, for different moving patterns. The results of the LHD 
and LHR are compared with the laser hardening with, bimodal distribution (5mm of 
diameter) Ref. (Komanduri & Hou, 2004) and rectangular Gaussian beam ( w=3mm and 
ro=0.5mm) Ref. (Leung, 2001). For LHD with uniform velocity the maximum temperature 
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temperature history of a point on the heated surface at x = 3.5 mm and y = 1 mm during 
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takes place on the center line, and as the distance increases from the center line the 
temperature falls precipitously, and as a result of that the hardened depth changes across 
the hardened region and also maximum temperature is high so surface melting could occur.  
 

(a)  (b)   

(c) (d)  
Fig. 6. (a) dithering beam with uniform velocity (b) rotating beam (c) dithering beam with 
sinusoidal velocities (d) Variation of the maximum temperature rise with the distance from 
the center line, y, for different moving patterns. 
 
In similar case the maximum temperature of LHR is more than the maximum temperature 
of LHD with sinusoidal velocity and is less than the maximum temperature of LHD with 
uniform velocity.  For laser hardening with LHD and LHR the cross feed (hardened bound) 
changes along the work surface (x-axis). Because of that we have to determine maximum 
and minimum cross feed for every case. Maximum cross feed usually takes place on the 
cross section between two sequence peaks, for where the interaction time is enough for 
phase transformation.  
Figure 7 shows the changes of maximum and minimum cross feed (for hardened depth of 
0.12 mm) with amplitude, for longitudinal velocities 0f 30 mm/sec, periods of 0.015 and for 
(a) dithering beam (b) rotating beam. 
 

(a)  (b)  
Fig. 7. Variations of cross feed with amplitude for (a) dithering Gaussian beam (b) rotating 
Gaussian beam 
 
It can be seen that as the amplitudes decreases, the maximum temperature and cross feed 
increases until the maximum temperature reaches the melting temperature. As you see a 
similar trend of dithering beam is observed for rotating beam except that in similar case the 
critical amplitude for no surface melting is more than the amplitude for no surface melting 
in dithering beam, and also the difference between maximum and minimum cross feed is 
more than the difference between maximum and minimum cross feed of dithering beam. 

 
4. Laser forming of plates using rotating and dithering beams 
 

Laser forming is a novel technique, during that a laser beam causes thermal expansion 
locally, and deformation is achieved by scanning the laser beam across one side of the 
material. The temperature gradients developed through the material induce distortion 
because the temperature changes with thickness that causes different expansion of adjoining 
layers. Laser forming is currently used because of its technical benefits of, do not require 
external forces and thus reduces cost and increases flexibility. 

 
4.1 Laser forming analysis procedure 
The heat produced due to plastic deformation is small and can be ignored. Thermo-
structural problem can then be decoupled and solved sequentially in two steps; (i) transient 
thermal analysis, which has been done in section 2, (ii) structural analysis. In structural 
analysis the temperature distribution input as a body load to determine the residual stresses 
and distortions. 
Ansys/explicit can be used to model both the initial load (thermal load), and to determine 
the final distortion. Ansys programming language (APDL) is used to model the laser beam 
motion scheme, and subsequent application of thermal loads in the structural analysis. 
Although, the structural analysis is not a transient analysis, since the nodal temperatures 
change with time the mechanical stresses and strains also change with time. However the 
inertia and damping forces need not be included, that is named quasi-static analysis. 
For each load-step the result of the same load-step of the thermal model is used as the 
thermal load for that loadstep. Thus the numbers of the load-step for structural analysis are 
as many as the numbers of the load-step for thermal analysis. The flow chart of the 
structural simulation is shown in 0. 
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Fig. 8. Flow chart of structural modeling during laser forming using finite element method 
 
Laser forming generates stresses exceeding yield stress within the specimen. The material 
subjected to the thermal cycle of the laser forming have to behave mechanically as an 
initially isotropic, elastoplastic and strain hardening continuum, so a component of total 
strain єij is given by the following formula, 
 

єij = єeij + єpij+ єthij (19) 
 
where єeij, єpij, єthij are the component of elastic, plastic and thermal strain respectively. This 
behavior is modeled using a bilinear kinematic stress–strain curve (0) with strain-rate 
independence of the yield strength. Rate-independent plasticity is characterized by using 
the irreversible straining.  

 
Fig. 9. Bilinear kinematic stress–strain curve 

 
4.2 Example problem 
The model, developed prior, is exemplified in the investigation of the laser forming of a 
stainless steel plate (AISI 304L).  0 shows a schematic of this process. A cubic of 30 mm along 
the direction of laser path and 30 mm vertical the direction of laser path and 2 mm thickness 
is used for this investigate. Temperature dependent physical and mechanical properties of 
the model are taken from Ref. (Safdar et al., 2007). The material is assumed to be 
homogenous and isotropic. The ambient temperature is set at 25 oc. 
 

 
Fig. 10. Schematic of the laser forming of a plate 
 
The following are the processing variables chosen for the laser heat treatment of the work-
piece: laser power 500 J/s; absorptivity A = 80%, longitudinal velocity 30 mm/s for rotating 
and dithering beam and 50 mm/s for linear moving, beam diameter of 4 mm, Gaussian 
beam distribution, period of τ* = 0.1 s and amplitude lmax = 2mm. 
0 shows the residual Y plastic strain contours and corresponding values on the heated 
surface (X, Y plane) and also on the Y, Z plane for (a) dithering beam (b) rotating beam and 
(c) linear moving. As you see more plastic deformation can be developed by using rotating 
or dithering beam than using a beam with linear moving. 0 shows the temperature changes 
with time at various points on the heated surface at x=15mm for (a) dithering beam (b) 
rotating beam and (c) linear moving beam. During the initial heat-up the local severe 
temperature gradients in the vicinity of the scan path produces the compressive yielding in 
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this region and near the heated surface. However, the thermal stress state changes to the 
tensile stress as the distance from the center line increases. 
 

 

 
Fig. 11. Y plastic strain, contour and value using (a) dithering beam (b) rotating beam and 
(c) linear moving beam 
 

(a) (b) (c)  
Fig. 12. Temperature history during laser forming using (a) dithering beam (b) rotating 
beam, and (c) linear moving beam 
 
0 shows the displacement in Z-direction of the metal plate along the center line at x = 15 
mm, during heating and cooling with (a) dithering beam (b) rotating beam and (c) linear 
moving beam. As you see in 0 upon the initial heat-up the different thermal expansion of 
the adjacent layers leads the free end of the plate to bend downward. As the temperature 
increases, the yield strength decreases rapidly, so the compressive thermal stress reduces in 

the vicinity of the scan path. During cooling, the yield strength increases and tension 
residual stresses is produced in the vicinity of the heated zoon. Hence, as the cooling 
proceeds, the portion of the specimen which is longitudinally in tension increases stably and 
the free end of the plate begins to bend upward. The plate also bends about Y-axis toward 
the laser beam because of the production of longitudinal tensile residual stress in the 
vicinity of the heated surface during cooling (Me Sistaninia et al., 2009). 
 

(a) (b) (c)  
Fig. 13. Displacement in Z-direction of the metal plate along the center line at x = 15 mm, 
during heating and cooling with (a) dithering beam (b) rotating beam and (c) linear moving 
beam. 
 
It is obvious from 0 that the bending angel of the plate using LHD or LHR is 3 times more 
than the bending angel of laser forming using a beam which moves along a straight line 
with uniform velocity. 
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The heat which is produced due to solid deformation is usually small and can be ignored. 
Because of that in a typical thermoelasticity formulation it is assumed that the thermal and 
mechanical fields are uncoupled in the material. Hence first the thermal fields are modeled 
and then the thermal results are used to find the displacement field and stress profile. In 
recent years, considerable researches have been carried out on the numerical analysis of 
coupled thermoelasticity problems e.g.(Bagri & Eslami, 2008; Hosseini-Tehrani & Eslami, 
2000). Coupled thermoelasticity contains the phenomena which describe the elastic and 
thermal behavior of material. Many attempts have been made to solve the uncoupled 
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analysis of a quasi steady-state process using an Eulerian formulation is computationally 
efficient. 
A semi infinite homogeneous, isotropic and thermoelastic solid is subjected to a moving 
Gaussian rectangular laser beam at t>0, as shown in Figure 1. Only a layer is considered 
which extends through -b<y<b and 0<x<l. The l and b are chosen long enough, such that it 
can be assumed that the initial conditions do not change on the boundary at y=+b, y=-b and 
x=0. Thus, the layer is rigidly bonded along these bounds. The laser beam’s energy is 
absorbed in the plane of the free surface and diffuses through the work-piece (Me. Sistaninia 
et al., 2009).  
 

 
Fig. 14. Schematic of a material subjected to the thermal load from moving Gaussian 
rectangular laser beam 

 
5. 1 Lagrangian formulation 
This section deals with the solution scheme for a transient problem using Lagrangian 
formulation. The governing equations for the dynamic coupled thermoelasticity in the 
absence of body forces can be written as follows (Hosseini-Tehrani & Eslami, 2000): 
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where ui (i=1,2,3) denote the components of displacement vector; λ ,μ the Lame’s constants; ρ 
the density, T  the absolute temperature, To the reference temperature, γ the stress–
temperature modulus, k the conductivity and c denotes the specific heat at constant strain or 
volume which is equal to: 
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where cp is specific heat at constant stress or pressure (notice that for uncoupled 
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where ( 2 ) /sC      is the velocity of propagation of the longitudinal wave and 
υ=k/ρcCs is the dimensionless unit length.  For two-dimensional domain, after using the 
dimensionless variables (22), the equations (20-a) and (20-b) reduce to; 
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A transient finite element model is used to solve Eq. (23). Applying the variational principle 
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Finite element code Ansys can be used to solve the Eq. (25). For this purpose, a special 8-
node element called PLANE 223 Element in ANSYS guide should be used to discretize the 
geometry. The PLANE 223 Element is a 2-D coupled-field solid with up to four degrees of 
freedom per node. The thermal and mechanical boundary conditions are, 
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0                       0T at t   (26-a) 
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where w is the length of the Gaussian rectangular heat source and or  is the characteristic 
radius.  
 
5. 2 Eulerian formulation 
As mentioned, in Eulerian formulation, the problem is considered as a steady-state problem.  
In Eulerian formulation the reference configuration is a control volume through that the 
work-piece moves. The derivative of variables (temperature and displacements) in the 
moving body with respect to time are given by,  
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where Ui = [u1 u2 T] and xj (j=1,2) is the material system coordinate which moves with a 
velocity v in space.  Hence Eq. (27) can be expressed as, 
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Also, the second derivative of displacements in the moving body with respect to time is 
given by, 
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Since the control volume has a steady-state temperature and displacement profile, for a 
quasi-steady-state process the Eqs. (28) and (29) reduce to 
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Hence the Eq. (23) in Eulerian formulation reduces to (Me. Sistaninia et al., 2009), 
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where U* = v/Cs is the dimensionless velocity.  The production of the coupling parameter 
and dimensionless velocity can be called effective coupling parameter, Ce=CU*.  The 
boundary conditions in the Eulerian formulation are similar to those in the Lagrangian 
formulation. The boundary condition of the heat flux in Eulerian configuration takes the 
following form at x=l, 
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Finite element method is chosen as a convenient method for solving the equations of the 
Eulerian formulation.  The geometry of the work-piece is discretized into a number of 6-
node triangle elements and the Galerkin finite element technique is used to obtain the 
solution.  The displacements ( ( )
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2à eu ) and temperature ( ( )à eT ) are approximated as, 
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Here, Ni is the shape function approximating the displacement and temperature fields in the 
element (e). Terms, *àiu , *àiv and *à

iT  define the nodal values of displacements and temperature, 
respectively. Using Eq. (34) and applying the Galerkin finite element method finally, for 
Eulerian formulation, the finite element matrix Eq. (25) reduce to (Me. Sistaninia et al., 2009), 
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where w is the length of the Gaussian rectangular heat source and or  is the characteristic 
radius.  
 
5. 2 Eulerian formulation 
As mentioned, in Eulerian formulation, the problem is considered as a steady-state problem.  
In Eulerian formulation the reference configuration is a control volume through that the 
work-piece moves. The derivative of variables (temperature and displacements) in the 
moving body with respect to time are given by,  
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where Ui = [u1 u2 T] and xj (j=1,2) is the material system coordinate which moves with a 
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Hence the Eq. (23) in Eulerian formulation reduces to (Me. Sistaninia et al., 2009), 
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where U* = v/Cs is the dimensionless velocity.  The production of the coupling parameter 
and dimensionless velocity can be called effective coupling parameter, Ce=CU*.  The 
boundary conditions in the Eulerian formulation are similar to those in the Lagrangian 
formulation. The boundary condition of the heat flux in Eulerian configuration takes the 
following form at x=l, 
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Hence the Eq. (23) in Eulerian formulation reduces to (Me. Sistaninia et al., 2009), 
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where U* = v/Cs is the dimensionless velocity.  The production of the coupling parameter 
and dimensionless velocity can be called effective coupling parameter, Ce=CU*.  The 
boundary conditions in the Eulerian formulation are similar to those in the Lagrangian 
formulation. The boundary condition of the heat flux in Eulerian configuration takes the 
following form at x=l, 
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Hence the Eq. (23) in Eulerian formulation reduces to (Me. Sistaninia et al., 2009), 
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where U* = v/Cs is the dimensionless velocity.  The production of the coupling parameter 
and dimensionless velocity can be called effective coupling parameter, Ce=CU*.  The 
boundary conditions in the Eulerian formulation are similar to those in the Lagrangian 
formulation. The boundary condition of the heat flux in Eulerian configuration takes the 
following form at x=l, 
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Here, Ni is the shape function approximating the displacement and temperature fields in the 
element (e). Terms, *àiu , *àiv and *à
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where Ni are the shape functions of the nodes  placed on the heated surface. 

 
5. 3 Numerical example 
The 30-mm-long and 10-mm-thick rectangular work-piece of AISI 1045 steel shown in 
Figure 1 has been used for this numerical example. Laser processing parameters used are 
Q=450W, w=10mm and 1.5or mm . The thermal field of this heat intensity distribution can be 
analyzed as a two dimensional heat conduction problem (Me. Sistaninia et al., 2009).  

Figures 3 and 4 show the comparison of the dimensionless variables changes along Y 
direction on the heated surface.  Figure 3 shows the temperature changes and Figure 4 
shows the changes of the displacement in X direction.  The results are plotted for effective 
coupling parameters of Ce=0 and Ce=1e-5. Although the Ce at temperatures bigger than 
Tphase, because of phase transformation, is much bigger than Ce=1e-5, this value is 
unrealistically high for the metals at room temperature. The case of Ce=0 corresponds to the 
uncoupled solution.   
As shown in 0, the Eulerian formulation results are in good agreement with the Lagrangian 
formulation results. Also the thermal results of Eulerian and Lagrangian formulations, as 
shown in Figure 3, agree well with the analytical result in the case of the uncoupled solution 
(Ce=0).  Although the results of the Eulerian and Lagrangian formulations are quite similar 
but, the run-times for two analyses differ very much. The Lagrangian formulation takes 
much more time to fulfill the analysis.  
0 shows that the coupled temperature and displacement are more than the temperature and 
displacement which are obtained from uncoupled theory (Ce=0).  So the coupling acts as a 
power generator in the system.  The volume change of the austenitic transformation which 
occurs during laser hardening is large in comparison with the normal thermal expansion.  
The expansion leads to a thermal pressure shock in the work-piece.  The pressure shock 
induces an extra temperature which causes the predicted temperature by coupled 
thermoelasticity to be more than the temperature predicted by uncoupled thermoelasticity.  
The mathematical reason may be followed considering Eqs. (5) and (6).  The large volume 
change leads to a high coupling parameter for laser hardening, causing a considerable 
difference between the coupled and uncoupled thermoelsticity results. 
  

(a) (b)  
Fig. 15. (a) Comparison of the dimensionless temperature on the heated surface (b) 
Comparison of the dimensionless displacement in X direction on the heated surface  
 
0 shows the contours of the dimensionless stress in X direction, Sx, and the corresponding 
values. As it is expected the Sx on the heated surface is zero and under the heated surface, 
near the heated region, is tensile. During the heat-up, the local severe temperature gradients 
in the vicinity of the heat affected zoon causes a large expansion of the material in this 
region; but this material is constrained along Y direction (radically) by the surrounding 
material. The constraint leads to compressive stresses in Y directions in this region and near 
the heated surface which exceed yield stress within the target material. The thermal stresses 
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where Ni are the shape functions of the nodes  placed on the heated surface. 
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For the elements on the heated surface {Fx}={Fy}=0, and 
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where Ni are the shape functions of the nodes  placed on the heated surface. 

 
5. 3 Numerical example 
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Figure 1 has been used for this numerical example. Laser processing parameters used are 
Q=450W, w=10mm and 1.5or mm . The thermal field of this heat intensity distribution can be 
analyzed as a two dimensional heat conduction problem (Me. Sistaninia et al., 2009).  

Figures 3 and 4 show the comparison of the dimensionless variables changes along Y 
direction on the heated surface.  Figure 3 shows the temperature changes and Figure 4 
shows the changes of the displacement in X direction.  The results are plotted for effective 
coupling parameters of Ce=0 and Ce=1e-5. Although the Ce at temperatures bigger than 
Tphase, because of phase transformation, is much bigger than Ce=1e-5, this value is 
unrealistically high for the metals at room temperature. The case of Ce=0 corresponds to the 
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0 shows that the coupled temperature and displacement are more than the temperature and 
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The mathematical reason may be followed considering Eqs. (5) and (6).  The large volume 
change leads to a high coupling parameter for laser hardening, causing a considerable 
difference between the coupled and uncoupled thermoelsticity results. 
  

(a) (b)  
Fig. 15. (a) Comparison of the dimensionless temperature on the heated surface (b) 
Comparison of the dimensionless displacement in X direction on the heated surface  
 
0 shows the contours of the dimensionless stress in X direction, Sx, and the corresponding 
values. As it is expected the Sx on the heated surface is zero and under the heated surface, 
near the heated region, is tensile. During the heat-up, the local severe temperature gradients 
in the vicinity of the heat affected zoon causes a large expansion of the material in this 
region; but this material is constrained along Y direction (radically) by the surrounding 
material. The constraint leads to compressive stresses in Y directions in this region and near 
the heated surface which exceed yield stress within the target material. The thermal stresses 
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state changes to tensile stress as the distance from the heated surface increases. The 
compressive stress in Y direction causes tensile stress in X direction. 
 

  
Fig. 16. Contours of the dimensionless stress, Sx for the effective coupling parameters (a) 
Ce=0 (b) Ce=1e-5 
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The transient thermal fields during LHD and LHR were modeled by employing both three-
dimensional analytical model and finite element model. Then the transient thermal fields 
were analyzed to predict the hardened region of laser hardening of a medium carbon steel. 
The results show that using rotating and dithering beams is a useful method for laser 
hardening of metals when the parameters of dithering or rotating are chosen well by 
implementing these models. The temperature distribution from the thermal model was also 
inputted as a body load in a three-dimensional nonlinear structural analysis to determine 
the bending angle and distortions in laser forming with dithering and rotating beams. 
Thermoelastic temperature, displacement and stress in heat transfer during laser surface 
hardening were also solved in both Lagrangian and Eulerian formulations of coupled 
thermoelectricity. The simulations and observations of the deformations and temperatures 
lead to the following conclusions: 
 For appropriate FEM parameters a good agreement between the result of FEM and the 

result of the analytical model obtains  
  Dithering or rotating beam is a useful way to spreading out a laser beam, in order to 

obtain a larger and more uniform depth heat affected zoon,  
 The bending angel of laser forming using rotating and dithering beams in similar 

conditions is several times (three times for the case investigated in this work) more than 
the bending angel of laser forming using a beam which moves along a straight line with 
uniform velocity  

 The coupled temperature and displacement are more than the temperature and 
displacement which are obtained from uncoupled theory (Ce=0), hence the coupling 
acts as a power generator in the system 
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state changes to tensile stress as the distance from the heated surface increases. The 
compressive stress in Y direction causes tensile stress in X direction. 
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state changes to tensile stress as the distance from the heated surface increases. The 
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1. Introduction 
 

Real time control and embedded systems provide important services such as manufacturing 
control, temperature control, cruise control in cars and planes, monitoring and regulation of 
various parameters.  
The importance of these systems is often overlooked and only when failure occurs is that 
one notices them. The user has limited control over the operations, which are normally 
managed by a real time controller. Ideally the user should be presented with predictable 
behaviour. These systems differ greatly in complexity when compared with other traditional 
software applications. Micro processors are produced and used in embedded applications. 
Given the ever increasing integration of dedicated components new issues are created. 
Embedded real time systems need to be produced at a lower cost but simultaneously 
quality, reliability and safeness have to be increased. The design time should be reduced. 
In some embedded real time environments the computing element is a component within 
the system. The i) operational environment, ii) performance and iii) interfacing capabilities, 
have a great influence on the system. Safety and failsafe mechanisms need considerable 
attention at the analysis and design stages. Performance criteria imply understanding how 
fast a system reacts to events. Response speeds are time critical, varying in range from a few 
milliseconds to seconds. Performance estimation is more difficult if there are asynchronous 
tasks which have the possibility of different order execution. For control systems complex 
control law computations might be required, where the sampling period needs accurate 
estimation (Liu, 2000). 
The design of i) hardware parts, ii) software and the iii) actual system are separate tasks 
requiring proper staged coordination. The importance of the analysis and design stages is 
sometimes neglected. The implementation of the physical components should be left to the 
end. Several advances in modern programming languages and real time programming serve 
to simplify coding. Hardware and software technologies available at the time along with the 
temporal requirements and safeness are important aspects (Gomaa, 1996; Williams, 2006). 
 In literature we are presented with many methods that serve for modeling and a better 
comprehension of these types systems. Unfortunately there is no single method or approach 
that caters for all the issues involved. Each technique, notation or method has its own 
special capability being specific for certain problems. To this end a loosely structured 
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approach is suggested. Different techniques and methods should be considered and used 
according to their relevance. In this work a case study of a typical cruise control system is 
presented, illustrating these concepts. The model is shown using different notations, 
offering different views. A place transition Petri net models the dynamic behaviour of the 
system. The Petri net is validated using invariant theory. It is converted to a task graph. 
Finally it is explained how to optimize and estimate the system’s performance. 

 
2. Analysis and Design Implications 
 

Real time systems have special needs that necessitate the employment of special analysis 
and design methods. These methods differ from traditional software engineering 
approaches. In traditional software i) good software, ii) correct specifications, iii) 
modularization are important aspects. Real time concepts add on these requirements other 
concerns such as: i) correct timing, ii) safeness, iii) well identified state space and iv) 
viewpoints for different stakeholders.  
Various software methods, methodologies and notations, along with all the formal 
notations, have been created to deal with these issues like i) ambivalence and ambiguity, ii) 
complexity issues. To make things worse, these systems have both i) functional and ii) non-
functional requirements where the system is composed of i) functional specifications, ii) 
performance specifications, iii) interfaces and iv) constraints. Requirements engineering or 
requirements elicitation serve to deal with the main problems associated with the i) analysis 
and design stages of software and hardware development. Requirements engineering is 
important for hard systems, mission critical and embedded technologies. Requirements 
engineering tries to bridge the gap between the desired system and the real world. 
Requirements elicitation is not limited to the use of a particular method, methodology or 
notation.. Using modern case tools, the viewpoints of different stakeholders can thus be met. 
It is possible to develop very good system notations representing what is required. Use of 
schematic diagrams, animation prototyping, block diagrams (Maruyama, 2001) all make 
sense. Various formalisms like logics, temporal logics, abstract state machines, automata, 
Petri nets, calculus, calculus of communicating systems (CCS), communicating sequential 
processes (CSP), algebras and process algebras, formal languages like Z, Vienna 
development method (VDM), B, Haskell, language of temporal ordering specifications 
(LOTOS) and task graphs etc. have been created and used to express different views and 
aspects of real time design process. Formal methods definitely help towards producing 
better models because in the design process more thinking and reasoning is applied. 
However they normally focus on specific aspects. CSPs and CCS focus on communication 
issues, Z and VDM are used to represent the system using schemas. One problem is that 
most formal methods do not offer proper visualization. Some formal methods have limited 
CASE tool support. Formal representation can be difficult to understand, time consuming to 
produce and to amend. 
Structured real time methods and notations are based on visual diagrams. Some examples 
are: Controlled Requirements Expression (CORE) (Mullery, 1979), Hierarchical Object 
Oriented Design (HOOD), Jackson System Design (JSD), Modular Approach To Software 
Construction Operation and Test (MASCOT), Design Approach for Real Time (DARTS), 
Concurrent Approach for Real Time (CODARTS), Real Time Object Oriented Modeling 
(ROOM), the Unified Modeling Language (UML)and UML-Real Time (UML-RT) (Bennett et 

 

al., 2005; Cooling, 1995; Gomaa, 1996, 2001; Roques, 2005). All these serve to capture 
different system properties in an informal or semi-formal approach. The UML contains a 
repository of some notations that are common to most of these methods. Research has been 
devoted to formalize these diagrams (Bennett et al., 2005; Saldhana et al., 2001). 
For designing real time embedded systems a loosely coupled approach is suggested and 
presented in Figure 1. Informal, semi formal and formal techniques are used at different 
stages. To start off, informal techniques are used and as more understanding of the system is 
gained it is possible to use formal techniques. 
I) Sources of information are use cases, case tools etc. II) for initial requirements expression 
information can be collected using different methods or notations e.g. JSP, UML activity 
diagrams, block diagrams, control flow diagrams etc. III) the requirements obtained in ii) are 
developed further. IV) Models obtained in ii) and iii) are represented formally using 
automata, Petri nets, Control flow graphs, etc. The models are analyzed and checked for i) 
consistency, ii) correctness, iii) completeness , iv) states and v) timing issues.  
Figure 1 indicates the complete requirements engineering process which is suited for 
developing embedded applications. At the initial requirements expression stage II it is more 
convenient to use informal notations. Simple diagrams and notations can be selected for use 
at stage I and II. Stages II and III can be combined. Any diagram from UML, JSD, MASCOT, 
ROOM, DARTS etc. are all valid. Ideally all the models used should be convenient and easy 
to read by both the engineer and the system stakeholders. At the detailed requirements 
expression stage III structured techniques and notations are useful. At the model analysis 
stage IV special checking rules are needed as different issues and problems might arise. 
Formal models guarantee error free development, it is better to use them at stage IV.  
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For Stage IV Petri nets and task graphs are used. Petri nets are a convenient formalism for 
behavior modeling, experimentation, visualization and reasoning about real time system 
properties. They have over three decades of coverage. Petri nets support concurrency, 
synchronization and resource sharing, formally and diagrammatically. They share 
important similarities with UML activity diagrams and other notations. E.g. UML 2 activity 
diagrams are based on Petri net semantics according to the UML. Fundamental modeling 
concept Petri net diagrams are used to model software functioning at a high level. Higher 
order nets like colored Petri nets have been widely used to represent and analyze 
communication protocols and networking problems. Unlike other formalisms Petri nets 
have a sort of dual identity in the sense that they can be represented using formal languages 
and also graphical representation. Many UML diagrams like sequence, activity and state 
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approach is suggested. Different techniques and methods should be considered and used 
according to their relevance. In this work a case study of a typical cruise control system is 
presented, illustrating these concepts. The model is shown using different notations, 
offering different views. A place transition Petri net models the dynamic behaviour of the 
system. The Petri net is validated using invariant theory. It is converted to a task graph. 
Finally it is explained how to optimize and estimate the system’s performance. 

 
2. Analysis and Design Implications 
 

Real time systems have special needs that necessitate the employment of special analysis 
and design methods. These methods differ from traditional software engineering 
approaches. In traditional software i) good software, ii) correct specifications, iii) 
modularization are important aspects. Real time concepts add on these requirements other 
concerns such as: i) correct timing, ii) safeness, iii) well identified state space and iv) 
viewpoints for different stakeholders.  
Various software methods, methodologies and notations, along with all the formal 
notations, have been created to deal with these issues like i) ambivalence and ambiguity, ii) 
complexity issues. To make things worse, these systems have both i) functional and ii) non-
functional requirements where the system is composed of i) functional specifications, ii) 
performance specifications, iii) interfaces and iv) constraints. Requirements engineering or 
requirements elicitation serve to deal with the main problems associated with the i) analysis 
and design stages of software and hardware development. Requirements engineering is 
important for hard systems, mission critical and embedded technologies. Requirements 
engineering tries to bridge the gap between the desired system and the real world. 
Requirements elicitation is not limited to the use of a particular method, methodology or 
notation.. Using modern case tools, the viewpoints of different stakeholders can thus be met. 
It is possible to develop very good system notations representing what is required. Use of 
schematic diagrams, animation prototyping, block diagrams (Maruyama, 2001) all make 
sense. Various formalisms like logics, temporal logics, abstract state machines, automata, 
Petri nets, calculus, calculus of communicating systems (CCS), communicating sequential 
processes (CSP), algebras and process algebras, formal languages like Z, Vienna 
development method (VDM), B, Haskell, language of temporal ordering specifications 
(LOTOS) and task graphs etc. have been created and used to express different views and 
aspects of real time design process. Formal methods definitely help towards producing 
better models because in the design process more thinking and reasoning is applied. 
However they normally focus on specific aspects. CSPs and CCS focus on communication 
issues, Z and VDM are used to represent the system using schemas. One problem is that 
most formal methods do not offer proper visualization. Some formal methods have limited 
CASE tool support. Formal representation can be difficult to understand, time consuming to 
produce and to amend. 
Structured real time methods and notations are based on visual diagrams. Some examples 
are: Controlled Requirements Expression (CORE) (Mullery, 1979), Hierarchical Object 
Oriented Design (HOOD), Jackson System Design (JSD), Modular Approach To Software 
Construction Operation and Test (MASCOT), Design Approach for Real Time (DARTS), 
Concurrent Approach for Real Time (CODARTS), Real Time Object Oriented Modeling 
(ROOM), the Unified Modeling Language (UML)and UML-Real Time (UML-RT) (Bennett et 

 

al., 2005; Cooling, 1995; Gomaa, 1996, 2001; Roques, 2005). All these serve to capture 
different system properties in an informal or semi-formal approach. The UML contains a 
repository of some notations that are common to most of these methods. Research has been 
devoted to formalize these diagrams (Bennett et al., 2005; Saldhana et al., 2001). 
For designing real time embedded systems a loosely coupled approach is suggested and 
presented in Figure 1. Informal, semi formal and formal techniques are used at different 
stages. To start off, informal techniques are used and as more understanding of the system is 
gained it is possible to use formal techniques. 
I) Sources of information are use cases, case tools etc. II) for initial requirements expression 
information can be collected using different methods or notations e.g. JSP, UML activity 
diagrams, block diagrams, control flow diagrams etc. III) the requirements obtained in ii) are 
developed further. IV) Models obtained in ii) and iii) are represented formally using 
automata, Petri nets, Control flow graphs, etc. The models are analyzed and checked for i) 
consistency, ii) correctness, iii) completeness , iv) states and v) timing issues.  
Figure 1 indicates the complete requirements engineering process which is suited for 
developing embedded applications. At the initial requirements expression stage II it is more 
convenient to use informal notations. Simple diagrams and notations can be selected for use 
at stage I and II. Stages II and III can be combined. Any diagram from UML, JSD, MASCOT, 
ROOM, DARTS etc. are all valid. Ideally all the models used should be convenient and easy 
to read by both the engineer and the system stakeholders. At the detailed requirements 
expression stage III structured techniques and notations are useful. At the model analysis 
stage IV special checking rules are needed as different issues and problems might arise. 
Formal models guarantee error free development, it is better to use them at stage IV.  
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For Stage IV Petri nets and task graphs are used. Petri nets are a convenient formalism for 
behavior modeling, experimentation, visualization and reasoning about real time system 
properties. They have over three decades of coverage. Petri nets support concurrency, 
synchronization and resource sharing, formally and diagrammatically. They share 
important similarities with UML activity diagrams and other notations. E.g. UML 2 activity 
diagrams are based on Petri net semantics according to the UML. Fundamental modeling 
concept Petri net diagrams are used to model software functioning at a high level. Higher 
order nets like colored Petri nets have been widely used to represent and analyze 
communication protocols and networking problems. Unlike other formalisms Petri nets 
have a sort of dual identity in the sense that they can be represented using formal languages 
and also graphical representation. Many UML diagrams like sequence, activity and state 
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approach is suggested. Different techniques and methods should be considered and used 
according to their relevance. In this work a case study of a typical cruise control system is 
presented, illustrating these concepts. The model is shown using different notations, 
offering different views. A place transition Petri net models the dynamic behaviour of the 
system. The Petri net is validated using invariant theory. It is converted to a task graph. 
Finally it is explained how to optimize and estimate the system’s performance. 

 
2. Analysis and Design Implications 
 

Real time systems have special needs that necessitate the employment of special analysis 
and design methods. These methods differ from traditional software engineering 
approaches. In traditional software i) good software, ii) correct specifications, iii) 
modularization are important aspects. Real time concepts add on these requirements other 
concerns such as: i) correct timing, ii) safeness, iii) well identified state space and iv) 
viewpoints for different stakeholders.  
Various software methods, methodologies and notations, along with all the formal 
notations, have been created to deal with these issues like i) ambivalence and ambiguity, ii) 
complexity issues. To make things worse, these systems have both i) functional and ii) non-
functional requirements where the system is composed of i) functional specifications, ii) 
performance specifications, iii) interfaces and iv) constraints. Requirements engineering or 
requirements elicitation serve to deal with the main problems associated with the i) analysis 
and design stages of software and hardware development. Requirements engineering is 
important for hard systems, mission critical and embedded technologies. Requirements 
engineering tries to bridge the gap between the desired system and the real world. 
Requirements elicitation is not limited to the use of a particular method, methodology or 
notation.. Using modern case tools, the viewpoints of different stakeholders can thus be met. 
It is possible to develop very good system notations representing what is required. Use of 
schematic diagrams, animation prototyping, block diagrams (Maruyama, 2001) all make 
sense. Various formalisms like logics, temporal logics, abstract state machines, automata, 
Petri nets, calculus, calculus of communicating systems (CCS), communicating sequential 
processes (CSP), algebras and process algebras, formal languages like Z, Vienna 
development method (VDM), B, Haskell, language of temporal ordering specifications 
(LOTOS) and task graphs etc. have been created and used to express different views and 
aspects of real time design process. Formal methods definitely help towards producing 
better models because in the design process more thinking and reasoning is applied. 
However they normally focus on specific aspects. CSPs and CCS focus on communication 
issues, Z and VDM are used to represent the system using schemas. One problem is that 
most formal methods do not offer proper visualization. Some formal methods have limited 
CASE tool support. Formal representation can be difficult to understand, time consuming to 
produce and to amend. 
Structured real time methods and notations are based on visual diagrams. Some examples 
are: Controlled Requirements Expression (CORE) (Mullery, 1979), Hierarchical Object 
Oriented Design (HOOD), Jackson System Design (JSD), Modular Approach To Software 
Construction Operation and Test (MASCOT), Design Approach for Real Time (DARTS), 
Concurrent Approach for Real Time (CODARTS), Real Time Object Oriented Modeling 
(ROOM), the Unified Modeling Language (UML)and UML-Real Time (UML-RT) (Bennett et 

 

al., 2005; Cooling, 1995; Gomaa, 1996, 2001; Roques, 2005). All these serve to capture 
different system properties in an informal or semi-formal approach. The UML contains a 
repository of some notations that are common to most of these methods. Research has been 
devoted to formalize these diagrams (Bennett et al., 2005; Saldhana et al., 2001). 
For designing real time embedded systems a loosely coupled approach is suggested and 
presented in Figure 1. Informal, semi formal and formal techniques are used at different 
stages. To start off, informal techniques are used and as more understanding of the system is 
gained it is possible to use formal techniques. 
I) Sources of information are use cases, case tools etc. II) for initial requirements expression 
information can be collected using different methods or notations e.g. JSP, UML activity 
diagrams, block diagrams, control flow diagrams etc. III) the requirements obtained in ii) are 
developed further. IV) Models obtained in ii) and iii) are represented formally using 
automata, Petri nets, Control flow graphs, etc. The models are analyzed and checked for i) 
consistency, ii) correctness, iii) completeness , iv) states and v) timing issues.  
Figure 1 indicates the complete requirements engineering process which is suited for 
developing embedded applications. At the initial requirements expression stage II it is more 
convenient to use informal notations. Simple diagrams and notations can be selected for use 
at stage I and II. Stages II and III can be combined. Any diagram from UML, JSD, MASCOT, 
ROOM, DARTS etc. are all valid. Ideally all the models used should be convenient and easy 
to read by both the engineer and the system stakeholders. At the detailed requirements 
expression stage III structured techniques and notations are useful. At the model analysis 
stage IV special checking rules are needed as different issues and problems might arise. 
Formal models guarantee error free development, it is better to use them at stage IV.  
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For Stage IV Petri nets and task graphs are used. Petri nets are a convenient formalism for 
behavior modeling, experimentation, visualization and reasoning about real time system 
properties. They have over three decades of coverage. Petri nets support concurrency, 
synchronization and resource sharing, formally and diagrammatically. They share 
important similarities with UML activity diagrams and other notations. E.g. UML 2 activity 
diagrams are based on Petri net semantics according to the UML. Fundamental modeling 
concept Petri net diagrams are used to model software functioning at a high level. Higher 
order nets like colored Petri nets have been widely used to represent and analyze 
communication protocols and networking problems. Unlike other formalisms Petri nets 
have a sort of dual identity in the sense that they can be represented using formal languages 
and also graphical representation. Many UML diagrams like sequence, activity and state 
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approach is suggested. Different techniques and methods should be considered and used 
according to their relevance. In this work a case study of a typical cruise control system is 
presented, illustrating these concepts. The model is shown using different notations, 
offering different views. A place transition Petri net models the dynamic behaviour of the 
system. The Petri net is validated using invariant theory. It is converted to a task graph. 
Finally it is explained how to optimize and estimate the system’s performance. 

 
2. Analysis and Design Implications 
 

Real time systems have special needs that necessitate the employment of special analysis 
and design methods. These methods differ from traditional software engineering 
approaches. In traditional software i) good software, ii) correct specifications, iii) 
modularization are important aspects. Real time concepts add on these requirements other 
concerns such as: i) correct timing, ii) safeness, iii) well identified state space and iv) 
viewpoints for different stakeholders.  
Various software methods, methodologies and notations, along with all the formal 
notations, have been created to deal with these issues like i) ambivalence and ambiguity, ii) 
complexity issues. To make things worse, these systems have both i) functional and ii) non-
functional requirements where the system is composed of i) functional specifications, ii) 
performance specifications, iii) interfaces and iv) constraints. Requirements engineering or 
requirements elicitation serve to deal with the main problems associated with the i) analysis 
and design stages of software and hardware development. Requirements engineering is 
important for hard systems, mission critical and embedded technologies. Requirements 
engineering tries to bridge the gap between the desired system and the real world. 
Requirements elicitation is not limited to the use of a particular method, methodology or 
notation.. Using modern case tools, the viewpoints of different stakeholders can thus be met. 
It is possible to develop very good system notations representing what is required. Use of 
schematic diagrams, animation prototyping, block diagrams (Maruyama, 2001) all make 
sense. Various formalisms like logics, temporal logics, abstract state machines, automata, 
Petri nets, calculus, calculus of communicating systems (CCS), communicating sequential 
processes (CSP), algebras and process algebras, formal languages like Z, Vienna 
development method (VDM), B, Haskell, language of temporal ordering specifications 
(LOTOS) and task graphs etc. have been created and used to express different views and 
aspects of real time design process. Formal methods definitely help towards producing 
better models because in the design process more thinking and reasoning is applied. 
However they normally focus on specific aspects. CSPs and CCS focus on communication 
issues, Z and VDM are used to represent the system using schemas. One problem is that 
most formal methods do not offer proper visualization. Some formal methods have limited 
CASE tool support. Formal representation can be difficult to understand, time consuming to 
produce and to amend. 
Structured real time methods and notations are based on visual diagrams. Some examples 
are: Controlled Requirements Expression (CORE) (Mullery, 1979), Hierarchical Object 
Oriented Design (HOOD), Jackson System Design (JSD), Modular Approach To Software 
Construction Operation and Test (MASCOT), Design Approach for Real Time (DARTS), 
Concurrent Approach for Real Time (CODARTS), Real Time Object Oriented Modeling 
(ROOM), the Unified Modeling Language (UML)and UML-Real Time (UML-RT) (Bennett et 

 

al., 2005; Cooling, 1995; Gomaa, 1996, 2001; Roques, 2005). All these serve to capture 
different system properties in an informal or semi-formal approach. The UML contains a 
repository of some notations that are common to most of these methods. Research has been 
devoted to formalize these diagrams (Bennett et al., 2005; Saldhana et al., 2001). 
For designing real time embedded systems a loosely coupled approach is suggested and 
presented in Figure 1. Informal, semi formal and formal techniques are used at different 
stages. To start off, informal techniques are used and as more understanding of the system is 
gained it is possible to use formal techniques. 
I) Sources of information are use cases, case tools etc. II) for initial requirements expression 
information can be collected using different methods or notations e.g. JSP, UML activity 
diagrams, block diagrams, control flow diagrams etc. III) the requirements obtained in ii) are 
developed further. IV) Models obtained in ii) and iii) are represented formally using 
automata, Petri nets, Control flow graphs, etc. The models are analyzed and checked for i) 
consistency, ii) correctness, iii) completeness , iv) states and v) timing issues.  
Figure 1 indicates the complete requirements engineering process which is suited for 
developing embedded applications. At the initial requirements expression stage II it is more 
convenient to use informal notations. Simple diagrams and notations can be selected for use 
at stage I and II. Stages II and III can be combined. Any diagram from UML, JSD, MASCOT, 
ROOM, DARTS etc. are all valid. Ideally all the models used should be convenient and easy 
to read by both the engineer and the system stakeholders. At the detailed requirements 
expression stage III structured techniques and notations are useful. At the model analysis 
stage IV special checking rules are needed as different issues and problems might arise. 
Formal models guarantee error free development, it is better to use them at stage IV.  
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For Stage IV Petri nets and task graphs are used. Petri nets are a convenient formalism for 
behavior modeling, experimentation, visualization and reasoning about real time system 
properties. They have over three decades of coverage. Petri nets support concurrency, 
synchronization and resource sharing, formally and diagrammatically. They share 
important similarities with UML activity diagrams and other notations. E.g. UML 2 activity 
diagrams are based on Petri net semantics according to the UML. Fundamental modeling 
concept Petri net diagrams are used to model software functioning at a high level. Higher 
order nets like colored Petri nets have been widely used to represent and analyze 
communication protocols and networking problems. Unlike other formalisms Petri nets 
have a sort of dual identity in the sense that they can be represented using formal languages 
and also graphical representation. Many UML diagrams like sequence, activity and state 
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charts all have been successfully translated into Petri nets. Both the structural and dynamic 
properties of Petri nets can be represented and analyzed. There are several classes of Petri 
nets ranging from Elementary nets to Object oriented nets and Colored Petri nets. Various 
CASE tools support Petri net modeling e.g. CPN Tools, HPsim, ExSpect, etc. Petri net 
structures can be supported or translated into other formalisms. Simple place transition 
Petri nets are easily converted into task graphs for other forms of analysis and optimization 
(Brusey & Mc Farlane, 2005; Cortes et al., 1999; Desel & Kindler, 2001; Hanzakel, 1997; 
Jensen & Rozenberg, 1991; Saldhana et al., 1998; Van Hee, 1991; Van Hee et al., 1994; 
Yamalidou et al., 1996). 

 
3. Cruise Control System Case Study 
 

3.1 Basic Description- Sources of Information Stage 
A modern cruise control system can be classified as digital control. This type of system is 
characterized as an  embedded real time system having a number of sensors and actuators 
where the actual real time system functions as a digital controller. In simple terms there is a 
‘read in’ of values from the input sensors that depicts the recurrent system state. This is 
compared to the desired state or reference state and a computation is performed to obtain 
the ‘adjustment value’. This is known as a control law computation which is also one of the 
most time consuming tasks, carried out after reading-in the sensor values. Behavior is 
predictable. A typical cruise control system is composed of several components or classes 
interacting amongst one another in real time. Some components have high computational 
requirements. Communication between the ‘actors’ could require the support of adequate 
protocols and communication channels. Some parts of this system clearly exhibit closed loop 
highly cyclical behavior typical of real time conrollers. In the cruise control, user data and 
sensor data is read in. The input data is compared with the desired speed. This comparison 
is used to compute the output adjustment value for the actuator. The actuator automatically 
performs the adjustment. This real time system also functions as a controller. Two types of 
tasks can be identified i) periodic tasks and ii) user initiated tasks. In a system like cruise 
control, these two types of tasks form part of the main activities. The the basic algorithm for 
the cruise control system is given below (Gomaa, 1996, 2001; Liu, 2000). 
 
Set Timer to interrupt periodically in a period (T) 
at each interrupt do 
                            1) Sensor Scan process (              
                             GPS,UI,Brake,Accel,Engine) 
                            2) Get current speed 
                            3) Compute control values 
                            4) Update parameters 
                            5) Send adjustment value to throttle 
                      enddo 
 
Steps 3 and 4 have the most significant time requirements. This is because the final 
computation is based on these values. The reading in sensor inputs tasks 1 and 2 are 
composed of subtasks. They can be carried out in any order. It is possible to execute these 
tasks concurrently. Tasks 3 and 4 have precedence constraints requiring certain ordering. 

 

The current speed measured from the wheel rotation is compared with the desired speed 
and the data from the other sensors. The computed adjustment value is sent to the throttle 
actuator. Normally this would be i) reduce speed or ii) increment speed or iii) maintain 
current speed. Tasks 4 and 5 can be executed concurrently. The system behavior can be 
classified as deterministic, exhibiting a repeated pattern behavior. Sensor data is read to 
obtain accurate estimates of state variables to be monitored and controlled. Input values are 
used to compute an adjustment value. Parts of the system can be scheduled differently. 

 
3.2 Initial requirements expression and Representation Stages 
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Fig. 2. Cruise Control Flow Data Flow Diagram adapted from (Kramer & Magee, 1997) 
 
The initial and detailed requirements expression stages II and III are combined. The 
diagrams used are from the previously suggested methods.  
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A modern cruise control system can be classified as digital control. This type of system is 
characterized as an  embedded real time system having a number of sensors and actuators 
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performs the adjustment. This real time system also functions as a controller. Two types of 
tasks can be identified i) periodic tasks and ii) user initiated tasks. In a system like cruise 
control, these two types of tasks form part of the main activities. The the basic algorithm for 
the cruise control system is given below (Gomaa, 1996, 2001; Liu, 2000). 
 
Set Timer to interrupt periodically in a period (T) 
at each interrupt do 
                            1) Sensor Scan process (              
                             GPS,UI,Brake,Accel,Engine) 
                            2) Get current speed 
                            3) Compute control values 
                            4) Update parameters 
                            5) Send adjustment value to throttle 
                      enddo 
 
Steps 3 and 4 have the most significant time requirements. This is because the final 
computation is based on these values. The reading in sensor inputs tasks 1 and 2 are 
composed of subtasks. They can be carried out in any order. It is possible to execute these 
tasks concurrently. Tasks 3 and 4 have precedence constraints requiring certain ordering. 

 

The current speed measured from the wheel rotation is compared with the desired speed 
and the data from the other sensors. The computed adjustment value is sent to the throttle 
actuator. Normally this would be i) reduce speed or ii) increment speed or iii) maintain 
current speed. Tasks 4 and 5 can be executed concurrently. The system behavior can be 
classified as deterministic, exhibiting a repeated pattern behavior. Sensor data is read to 
obtain accurate estimates of state variables to be monitored and controlled. Input values are 
used to compute an adjustment value. Parts of the system can be scheduled differently. 
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Fig. 2. Cruise Control Flow Data Flow Diagram adapted from (Kramer & Magee, 1997) 
 
The initial and detailed requirements expression stages II and III are combined. The 
diagrams used are from the previously suggested methods.  
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charts all have been successfully translated into Petri nets. Both the structural and dynamic 
properties of Petri nets can be represented and analyzed. There are several classes of Petri 
nets ranging from Elementary nets to Object oriented nets and Colored Petri nets. Various 
CASE tools support Petri net modeling e.g. CPN Tools, HPsim, ExSpect, etc. Petri net 
structures can be supported or translated into other formalisms. Simple place transition 
Petri nets are easily converted into task graphs for other forms of analysis and optimization 
(Brusey & Mc Farlane, 2005; Cortes et al., 1999; Desel & Kindler, 2001; Hanzakel, 1997; 
Jensen & Rozenberg, 1991; Saldhana et al., 1998; Van Hee, 1991; Van Hee et al., 1994; 
Yamalidou et al., 1996). 
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3.1 Basic Description- Sources of Information Stage 
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characterized as an  embedded real time system having a number of sensors and actuators 
where the actual real time system functions as a digital controller. In simple terms there is a 
‘read in’ of values from the input sensors that depicts the recurrent system state. This is 
compared to the desired state or reference state and a computation is performed to obtain 
the ‘adjustment value’. This is known as a control law computation which is also one of the 
most time consuming tasks, carried out after reading-in the sensor values. Behavior is 
predictable. A typical cruise control system is composed of several components or classes 
interacting amongst one another in real time. Some components have high computational 
requirements. Communication between the ‘actors’ could require the support of adequate 
protocols and communication channels. Some parts of this system clearly exhibit closed loop 
highly cyclical behavior typical of real time conrollers. In the cruise control, user data and 
sensor data is read in. The input data is compared with the desired speed. This comparison 
is used to compute the output adjustment value for the actuator. The actuator automatically 
performs the adjustment. This real time system also functions as a controller. Two types of 
tasks can be identified i) periodic tasks and ii) user initiated tasks. In a system like cruise 
control, these two types of tasks form part of the main activities. The the basic algorithm for 
the cruise control system is given below (Gomaa, 1996, 2001; Liu, 2000). 
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Steps 3 and 4 have the most significant time requirements. This is because the final 
computation is based on these values. The reading in sensor inputs tasks 1 and 2 are 
composed of subtasks. They can be carried out in any order. It is possible to execute these 
tasks concurrently. Tasks 3 and 4 have precedence constraints requiring certain ordering. 

 

The current speed measured from the wheel rotation is compared with the desired speed 
and the data from the other sensors. The computed adjustment value is sent to the throttle 
actuator. Normally this would be i) reduce speed or ii) increment speed or iii) maintain 
current speed. Tasks 4 and 5 can be executed concurrently. The system behavior can be 
classified as deterministic, exhibiting a repeated pattern behavior. Sensor data is read to 
obtain accurate estimates of state variables to be monitored and controlled. Input values are 
used to compute an adjustment value. Parts of the system can be scheduled differently. 
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The diagram in Figure 2 (Kramer & Magee, 1997) illustrates the main cruise control system 
events. This diagram is commonly used in real time structured analysis and design methods 
like JSD and DARTS (Gomaa, 1996). Extensions to data flow diagrams are used to add 
details for event flows and control transformations like discrete, continuous, triggered, 
enable/disable etc. The diagram has been partitioned into four main sections to clearly 
illustrate all four main tasks. All activities are controlled and synchronized by the cruise 
controller. 
Figure 2 depicts the top-level network diagram for the cruise control using MASCOT 
notation. This diagram can be used to obtain a full system template with bindings and 
interfaces e.g.  
Server Disp out:Digital_out(ow=USER..op);  
Server Spsensor-in: Analog-in1(s1w=CC1.s1p); etc. 
The subsystem components e.g. speed control, user interface, etc. can also be identified. 
Component coupling is rigorously enforced. The diagram can be decomposed further. UML 
interaction diagrams can describe the communication processes for the cruise control. 
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Fig. 3. Cruise System MASCOT Network Diagram 
 
The cruise control System UML activity diagram is presented in Figure 4. This shows all the 
tasks and their order. The activity diagram can be converted into a Petri net. 
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4. Model Analysis and Verification Stage - Petri Net and Task Graph Modeling  
 

4.1 Constructing the Petri Net 
As stated for analysis of the models Petri net structures and task graphs are used. 
Constructing the Petri net is a relatively simple process. The algorithm in 3.1 or the UML 
activity diagram shown in Figure 4 can be used. The following steps explain the conversion 
process: i) add a dummy source transition (node) at the top ii) add a dummy sink transition 
at the bottom (end) iii) the tasks in the algorithm are placed in sequence between the source 
and the sink node. Transitions for parallel tasks are placed next to each other, iv) places are 
added to join the transitions. For parallel processing a fork point and a join point is used to 
join the input and output of the concurrent tasks.  
Practically speaking the Petri net represents the possible task execution sequence and it is 
similar to a task graph (Abdeddaim et al., 2003; Hanzakel, 1997). The Petri net is both a 
visual and formal executable specification that is easy to understand. 
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Fig. 5. Cruise Control Initial Petri Net 

 

4.2 Task Parallelism 
Parallelism (Hanzakel, 1997; Liu, 2000) implies detecting computations that can be carried 
out in parallel. If more than one processor is available, tasks can be executed in parallel. 
Petri nets and task graphs expand this possibility. E.g. Figure 5 shows that tasks T1..T6 and 
T8,T9 can be executed in parallel.  

 
4.3 Cruise Control Directed Graph 
The cyclic directed graph similar to a task graph for the cruise control system is simply 
obtained by ignoring all the places in the Petri net and replacing the transitions with nodes. 
This is possible because each place holds exactly one token i.e. it is a 1-safe Petri net. This 
graph can be reduced into a directed acyclical graph (DAG) by removing e17. 
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4.4 Redrawing the Graph for Two Available Processors 
The tasks or transitions in Figure 5 would have to be executed sequentially if a single 
processor is assumed to be available. If more than one processor is available the whole 
scenario will change. The vertices in Figure 6 indicate which tasks can be carried out in 
parallel. It is evident that if all T1..T6 had to be executed completely in parallel, six 
processors are required. Normally we can assume just two processors are available. The 
directed graph needs to be redesigned to reflect this. The problem is to find an optimum 
solution to redistribute/schedule concurrent tasks. The following algorithm can be used for 
this purpose. 
Identify all critical tasks 
Identify all parallel tasks 
Add tasks in order to a processor  
 
     If (critical task) then 
               If  (time (Pa) = time (Pb)) add task to Pa or Pb 
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4.4 Redrawing the Graph for Two Available Processors 
The tasks or transitions in Figure 5 would have to be executed sequentially if a single 
processor is assumed to be available. If more than one processor is available the whole 
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4.4 Redrawing the Graph for Two Available Processors 
The tasks or transitions in Figure 5 would have to be executed sequentially if a single 
processor is assumed to be available. If more than one processor is available the whole 
scenario will change. The vertices in Figure 6 indicate which tasks can be carried out in 
parallel. It is evident that if all T1..T6 had to be executed completely in parallel, six 
processors are required. Normally we can assume just two processors are available. The 
directed graph needs to be redesigned to reflect this. The problem is to find an optimum 
solution to redistribute/schedule concurrent tasks. The following algorithm can be used for 
this purpose. 
Identify all critical tasks 
Identify all parallel tasks 
Add tasks in order to a processor  
 
     If (critical task) then 
               If  (time (Pa) = time (Pb)) add task to Pa or Pb 
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parallel. It is evident that if all T1..T6 had to be executed completely in parallel, six 
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               If  (time (Pa) > time (Pb)) add task to Pa 
               If  (time (Pa) < time (Pb)) add task to Pb 
                     Set time for Pa , Pb = max time 
             
      If (parallel task) then 
                 If  time (Pa) + newtask < time (Pb) + newtask 
                                        Add task to Pa 
                 If  time (Pb) + newtask < time (Pa) + newtask 
                                        Add task to Pb 
                 If  (time (Pa) + newtask = time (Pb) + newtask  add   
                 task to Pa or Pb 
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Fig. 7. Cruise Control a) Petri Net and b) Directed Graph for Two Processors 

 

If the given times for tasks are: T1, T6, T9 = 20ms, T2,T5 = 10ms, T3,T4 =15ms , T7= 40ms 
and T8= 25ms the result is as shown in Figure 7 a) and b). In Figure 7 b) the critical path or 
longest cycle is shown in bold. This is the sequence of events on processor A, T1-T4-T6-T7-
T8. The sequence of events on processor B is T2-T3-T5-T9. 

 
5. Verification of the Petri Nets 
 

5.1 Incidence Matrix Properties 
An incidence, flow or change matrix Cij is a special matrix representing the ordered input 
flows and output flows of the Petri net. For this matrix 1 ,1i m j n    and C = input flows 
– output flows. The incidence matrix is important for expressing basic structural properties 
of the net. A transition might have exactly one input and output flow, if for every row there 

are non zero values which sum up to zero. I.e. for a row i,  
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5.2 Invariants 
There are several classes of invariants (Clarisio et al., 2005; Sankaranarayana et al., 2004; Van 
Hee, 1994, Yamalidou et al., 1996; Zhou & Venkatesh, 1999). Simple linear invariants that 
interpret the structural and firing properties of the net are used. A vector mv Z is by 
definition a P-invariant iff 0tv C   for a given Petri net. For the Petri net 
tv M = ' . .t tv M v C s   , where M = initial marking, 'M  = next marking, C = incidence matrix 

and s  =firing vector. tv M = 'tv M  for all reachable markings denoting that the weighted 
sum of tokens remains constant or unchanged. A vector my Z is by definition a T-invariant 
iff 0Cy  for a given Petri net denoting a repetitive firing cycle.  
Analyzing the Petri nets in Figure 5 and Figure 7a)  the following results are obtained. This 
data was obtained using the Dnanet Petri net tool (Attieh et al., 1995).  

 
Fig. 8. Place Invariants for the Petri Nets in Figure 5 and Figure 7 a) 
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If the given times for tasks are: T1, T6, T9 = 20ms, T2,T5 = 10ms, T3,T4 =15ms , T7= 40ms 
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If the given times for tasks are: T1, T6, T9 = 20ms, T2,T5 = 10ms, T3,T4 =15ms , T7= 40ms 
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5.2 Invariants 
There are several classes of invariants (Clarisio et al., 2005; Sankaranarayana et al., 2004; Van 
Hee, 1994, Yamalidou et al., 1996; Zhou & Venkatesh, 1999). Simple linear invariants that 
interpret the structural and firing properties of the net are used. A vector mv Z is by 
definition a P-invariant iff 0tv C   for a given Petri net. For the Petri net 
tv M = ' . .t tv M v C s   , where M = initial marking, 'M  = next marking, C = incidence matrix 

and s  =firing vector. tv M = 'tv M  for all reachable markings denoting that the weighted 
sum of tokens remains constant or unchanged. A vector my Z is by definition a T-invariant 
iff 0Cy  for a given Petri net denoting a repetitive firing cycle.  
Analyzing the Petri nets in Figure 5 and Figure 7a)  the following results are obtained. This 
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5.3 Other Behavioral and Structural Properties 
The marking graph, consisting of all the possible markings is used for constructing the 
reachability tree and testing for deadlock. 
Invariants are used for further analysis. i) Bounded and conservative behavior is denoted 
by 0,0  Cvv T ,ii) Repetitive behavior by 0,0  Cyy and iii) Consistent behavior 
by 0,0  Cyy . Other issues like home states, cyclic behavior, deadlock and boundedness 
can be properly interpreted from the invariant results. Petri net test suites and CASE tools 
like Dnanet, etc. are useful for further checking. The results of the reachability graphs and 
invariants are presented in tables 1 and 2. 
 
PETRI REACHABILITY CONNECTED T- INVARIANTS P-INVARIANTS
NET MARKING GRAPH COMPONENTS
Fig. 5 69 unique markings 1 strongly identical not identical

Fig. 7a) 21 unique markings 1 strongly identical not identical  
Table 1. Reachability and Invariant Comparison for Petri Nets in Figure 5 and 7a) 
 

PETRI DEADLOCK BOUNDED CYCLIC HOME
NET  POSSIBLE BEHAVIOUR STATES

Fig. 5 NO YES YES YES

Fig. 7a) NO YES YES YES  
Table 2. Other Structural and Behavioural Properties for Petri Nets in Figure 5 and 7a) 
 
5.4 Interpretation of the Petri Net Properties 
The Petri net models for the cruise control system have been successfully validated. They 
are both conflict free, deadlock free and do not have unwanted states. The most strongly 
connected component is T7. This task is the most critical and important task. The transition 
invariant analysis shows that even though the algorithm and firing cycle is modified, the 
basic properties and execution remain unchanged. I.e. both models are formally correct and 
valid. The structures have a relatively small reachability tree. The two processor Petri net  

 

shown in Figure 7a) has only 21 unique markings compared with the one of Figure 5 having 
69. This is indicative that if more processors are introduced, the overall system state space is 
increased and becomes more difficult to handle. More synchronization overhead is 
necessary to coordinate and control process communication. On the other hand, by reducing 
the parallel tasks in the system the complexity is reduced so there is less switching 
overhead. The number of parallel places or the concurrent tasks in the directed task graph, 
indicate the total number of processors required for parallel task execution. 

 
6. Task Scheduling and Optimization 
 

6.1 Two Processor Task Scheduling 
One difficulty in parallel systems is load balancing. The graphical result for the Petri net in 
Figure 7a) and task graph in Figure 7b) is shown in Figure 10. This is obtained from the 
algorithm in section 4.4. Processor I is fully utilized and processor II has a utilization of 
approximately 46 % only when directly compared with processor II. Processor II is utilized 
for 55ms only in a 120 ms cycle when Processor I is utilized 100% of the time. Adding 
another processor can reduce the time of processor I, but the task iii) compute control 
values, has precedence constraints hence all the preceding tasks must have completed. 
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connected component is T7. This task is the most critical and important task. The transition 
invariant analysis shows that even though the algorithm and firing cycle is modified, the 
basic properties and execution remain unchanged. I.e. both models are formally correct and 
valid. The structures have a relatively small reachability tree. The two processor Petri net  

 

shown in Figure 7a) has only 21 unique markings compared with the one of Figure 5 having 
69. This is indicative that if more processors are introduced, the overall system state space is 
increased and becomes more difficult to handle. More synchronization overhead is 
necessary to coordinate and control process communication. On the other hand, by reducing 
the parallel tasks in the system the complexity is reduced so there is less switching 
overhead. The number of parallel places or the concurrent tasks in the directed task graph, 
indicate the total number of processors required for parallel task execution. 
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Equation (1) defines the processor utilization ratio which is a very simple measure. If 
Processor I is used for 120ms and Processor II for only 55ms then we get a value of 2.18 
which implies that processor I is used 2.18 times more than processor II. I.e. the load is not 
evenly distributed. The inverse of the utilization ratio yields a value of 0.458 confirming that 
Processor II is utilized 45.8% of the time that Processor I is utilized. It is not really possible to 
improve this because there are precedence constraints and communication delays which is 
normal for multiprocessing. 
 
6.2 Improvement Factor of Two Processors vs a Single Processor 
Two or more processors offer an improvement over having just a single processor. The 
improvement needs to be measurable. 
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Equation (2) defines the improvement factor of parallel processing over sequential 
processing. I = improvement factor, Tseq = total time taken to complete tasks with a single 
processor. Tparallel = total time taken to complete tasks when there is more than one 
processor. If Tseq= 175ms for the model in fig 5. and Tparallel= 120ms for fig 7a) then we get  
I=0.314, i.e. adding one extra processor reduces the time of sequential processing by 31.4%. 
The improvement that is obtained having two processors is again constrained by precedence 
constrains and communication or synchronization requirements which cannot normally be 
changed. It must be pointed out that the improvement depends on the timing of the 
individual tasks. With other timings it is possible to have completely different results and 
even no improvement. 

 
7. Conclusion 
 

The main aim of this work has been to present a semi structured approach for the analysis 
and design of real time embedded and control systems. The main steps involved are i) 
sources of information, ii) initial requirements expression, iii) detailed requirements 
expression and iv) model analysis and verification. In this context, the example of a basic 
cruise control system has been taken. This example has been used to show some different 
diagrammatic notations and formal modeling using place transition Petri nets and task 
graphs. It is not possible to represent embedded and control systems without diagrams. 
There being many methods, it becomes difficult as to which diagrams should be used. In 
this work different notations from different methods have been used for the initial 
requirements expression and detailed requirements expression stages, i.e. stage II and III 
which can be combined. These show different views and capture more information. Ideally 
it could be better when designing these systems if more than one method is considered. To 
prove the correctness of system specifications, formal methods have to be used. When there 

 

is a hard real time system, like a cruise control system, it is imperative to have a high degree 
of confidence that the system specifications and notations are correct. Once this has been 
done the design stage is better managed. On the other hand the use of formal notations can 
be time consuming and require expert knowledge.  
A cruise control system has been studied and analyzed using different notations. MASCOT, 
UML activity diagrams etc. have been used initially. Other diagrams from JSD, DARTS, 
ROOM etc. could have been used. Finally for dynamic modelling a simple Petri net is built. 
Petri nets are converted into directed task graphs. Petri net theory is used for model 
optimization and proving the correctness of models. Useful properties like invariants, 
reachability tree, etc. can be easily obtained for deterministic systems. More detailed 
analysis based on graph theory, other Petri net properties and simulation techniques can be 
considered. Colored Petri nets and higher order nets provide other possibilities. The two 
processor Petri net model can be translated into ladder logic diagrams (LLD) useful for 
programmable logic controller (PLC) programming.  
.If there are other timings or considering other communication and synchronization 
overheads not shown in this study, it is possible not to have any improvements and a 
completely different strategy might be required. This is because the actual analysis given in 
section 6 depends upon the order and timing of the tasks.  
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programmable logic controller (PLC) programming.  
.If there are other timings or considering other communication and synchronization 
overheads not shown in this study, it is possible not to have any improvements and a 
completely different strategy might be required. This is because the actual analysis given in 
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1. Introduction 
 

Every long dry season, serious forest fires periodically occur at several islands in Indonesia 
such as Kalimantan Island and Sumatra Island, result in loss of natural resources and smoke 
that disturb the air and marine traffic. Autoignition on solid fuel such as wood often across 
the forest without any source of fire. This spontaneous ignition is a complex interplay of 
chemistry, heat transfer, and mass transfer, which is caused by the heat radiation around the 
wood object. Because of the hazardous and complexity of autoignition, the process of this 
autoignition needs to be confirmed by experiments. 
Flaming ignition refers to the appearance of a flame at the surface of a material, which has been 
exposed to some type of external heating. The existence of the visible flame is a clear 
indication of the chemical reaction between oxygen and fuel. Basically, three conditions must 
be satisfied to achieve flaming ignition (Kashiwagi, 1974). These are: 
(1)  the mixture of fuel and oxygen must be within the flammability limits; 
(2)  the temperature of the gas phase in the boundary layer should be sufficiently high to 

initiate the combustion reactions, and; 
(3)  the extend of the local high temperature zone must be large enough to overcome heat 

losses during the ignition period. 
The initiation of flaming ignition may be spontaneous or piloted. The latter occurs in the 
presence of an ignition source, such as a flame or an electrical spark. Spontaneous ignition 
or autoignition is another type of flaming ignition. Like piloted ignition, the autoignition 
could occur due to external heating but in the absence of an ignition source. Alternatively, 
autoignition may occur because of self-heating. This type of ignition is achieved when there 
is a balance between heat generation and heat dissipation. The temperature of the solid fuel 
goes up when heat is generated at a faster rate than the heat being dissipated. Eventually, 
the solid reaches a critical state at which a runway reaction takes place leading to 
spontaneous ignition (Tsuchiya and Sumi, 1977; Hill and Quintiere, 2000). The critical 
conditions might be achieved when either the temperature of the fuel reaches a critical 
ignition temperature (Yang, 1961) or when the temperature of gaseous fuel-air mixture in 
the boundary layer around the fuel raises to the so-called auto-ignition temperature (Hill 
and Quintiere, 2000). The self-heating type spontaneous ignition has been extensively 
studied. The pioneering work Frank-Kamenetskii (1955) laid the foundation of the work in 
this area. According to Frank-Kamenetskii theory the volumetric rate of heat generation due 
to self-heating can be expressed in term of the following Arrhenius type relationship: 
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where q   is energy generation per unit volume, A is pre-exponential factor, Hc is heat of 
combustion, E is the activation energy, R is the gas constant, and T is temperature (Hill and 
Quintiere, 2000). Spontaneous ignition occurs when q   is equal to heat losses due to 
convection and radiation. 
Despite its importance in industrial settings, spontaneous ignition due to self-heating is 
rarely the cause of fire in residential buildings mainly because materials susceptible to self-
heating are not usually stored in these buildings at quantities prone to self-heating. 
Spontaneous ignition due to external heating, however, is sometimes the cause of forest 
fires. For this reason spontaneous ignition of cellulosic material by radiation (external 
heating) has been studied by several researchers including: Simms (1960), Simms and Law 
(1967) and Gandhi and Kanury, (1989). Similar to the case of piloted ignition the influence of 
external (e.g. heat flux) and internal parameters (e.g. structural properties, moisture content) 
was investigated. Past studies have established that under similar conditions the ignition 
delay times associated with spontaneous ignition are longer than those of their piloted 
ignition counterparts (e.g. Bilbao et al., 2001 and Babrauskas, 2002). The impacts of 
parameters, such as the moisture content, external heat flux, and structural properties on 
spontaneous ignition due to external heating have been found to be very similar to the case 
of piloted ignition. Experiment on three kinds refuse derived fuel fire inception by 
spontaneous ignition by using TG-DTA has been conducted by Gao (2004). The range of 
pyrolysis temperature was 150-550oC, and the activation energy was 89.82 kJ/mol.   
Poespowati et. al (2001, 2004) conducted an experimental study on re-ignition characteristics 
of Australian wood-based materials in order to investigate the role of wood porosity on its 
re-ignition characteristics. Their experiments were carried out on a set of wood samples 
with various levels of porosity at heat flux level between 40 – 60 kW.m-2 by using a modified 
mass-loss cone calorimeter. Results of the study were consistent with their previous 
experimental data on surrogate ceramic samples revealing that the effect of porosity on the 
re-ignition delay time was significant at all heat flux levels particularly those in excess of 50 
kW.m-2.  
Later on, Poespowati (2007b) carried out an experimentally study on fire properties of eight 
kinds of Indonesian wood (akasia, sengon, bangkirai, waru, kempas, meranti, gelam, and ulin) 
exposed to the irradiance heat flux between 17-41 kW.m-2. It was found that low density 
wood will burn faster than the high density wood and the higher the incident heat flux, the 
quicker the ignition time, inversely, the lower the ignition temperature. The results for 
autoignition time was between 100-200 second, and the autoignition temperature was 
between 350-600oC. Wood density is inversely proportional to wood porosity, which is a 
measure of void volume in the structure of the wood. Generally, porosity refers to the total 
volume of pores ranging from meso-and micro- to macro-pores. Much of these pores are the 
so-called closed pores, which are inaccessible. However, what is important in ignition is the 
percentage of open pores, which are accessible to gas (e.g. combustion products) moving 
within the wood structure. The volume of open pores or open porosity of wood may vary 
between 46% and 80%. This range depends on the grain direction and local structural 
conditions, for instance, at the end-grain surface wood typically has more pores. Baronas et 

 

al. (2001) explained that the porosity of wood could be defined using the following 
expression: 
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where va  is the wood porosity, Gm wood specific gravity, u wood moisture content,  wood 
density, o the density of oven-dry wood, and w the density of water.  
The main objective of the study is to gain a more fundamental insight into the role of wood 
moisture content on its ignition characteristics under fire conditions. This study concerns 
with the effect of wood moisture content on spontaneous ignition behavior of six kinds of 
Indonesian wood in order to provide a data base of fire characteristic i.e. ignition time, 
ignition temperature, end ignition time, end ignition temperature, and charring rate.   

 
2. Experimental Method 
 

The experimental apparatus used in this study was a non- standard truncated heater. Figure 
1 shows the schematic layout of the apparatus. This particular instrument was designed in 
accordance with capable of accommodating samples of up to 25 mm thick if horizontally 
placed.  
It must be pointed out that the studies were mainly concern with the spontaneous ignition 
of samples. Therefore the spark igniter was not used. A thermocouple on the surface of the 
sample was used for measurements of temperature history within the test samples. For this 
study, stainless steel, sheathed, ungrounded junction chromel-alumel thermocouples (0.003 
inch out side diameter) were used. The type of thermocouple used for this purpose was K-
type made for the temperature range of 95-1260oC. Temperature histories were recorded 
throughout each experiment at 1 s intervals using a digital data acquisition system (TC-08).  
To examine the autoignition of wood, six different species of Indonesian wood (keruing, 
sono, cemara, kamper, pinus, and mahoni) were tested with a truncated conical heater under 
irradiance heat flux of 22 kW.m-2. The wood samples were made into wood blocks with a 
dimension of 5 cm long, 5 cm wide and 2.5 cm thick, and they were oven dried due to obtain 
the moisture content variety (0%, 50% and 100%). The experimental procedure consisted of 
the following steps. Firstly, the sides of the sample except its surface was wrapped in a single 
layer of aluminium foil in order to minimize the edge effects and to simulate a one-
dimensional heat transfer situation. Then, the sample was instrumented with a thermocouple 
on its surface and then placed horizontally in the sample holder assembly. The samples sitting 
in the open air and ready to be heated by irradiance heat flux.  
The radiant heater was then set to 22 kW.m-2, which is relevant with temperature of 500oC.  
When subjected to external heating, wood starts to decompose, giving a mixture of volatile 
species and a carbonaceous residual or char as products. Flame could be seen to appear in the 
volatile stream and then flash down to the wood where it persisted on the surface. The ignition 
time and temperature were recorded as the first appearance of flame and the time of end-
ignition was recorded as the disappearance of flame. Meanwhile, the char layer was observed 
by measuring the thickness of char. The experimental procedures outlined above were 
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irradiance heat flux of 22 kW.m-2. The wood samples were made into wood blocks with a 
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The experimental apparatus used in this study was a non- standard truncated heater. Figure 
1 shows the schematic layout of the apparatus. This particular instrument was designed in 
accordance with capable of accommodating samples of up to 25 mm thick if horizontally 
placed.  
It must be pointed out that the studies were mainly concern with the spontaneous ignition 
of samples. Therefore the spark igniter was not used. A thermocouple on the surface of the 
sample was used for measurements of temperature history within the test samples. For this 
study, stainless steel, sheathed, ungrounded junction chromel-alumel thermocouples (0.003 
inch out side diameter) were used. The type of thermocouple used for this purpose was K-
type made for the temperature range of 95-1260oC. Temperature histories were recorded 
throughout each experiment at 1 s intervals using a digital data acquisition system (TC-08).  
To examine the autoignition of wood, six different species of Indonesian wood (keruing, 
sono, cemara, kamper, pinus, and mahoni) were tested with a truncated conical heater under 
irradiance heat flux of 22 kW.m-2. The wood samples were made into wood blocks with a 
dimension of 5 cm long, 5 cm wide and 2.5 cm thick, and they were oven dried due to obtain 
the moisture content variety (0%, 50% and 100%). The experimental procedure consisted of 
the following steps. Firstly, the sides of the sample except its surface was wrapped in a single 
layer of aluminium foil in order to minimize the edge effects and to simulate a one-
dimensional heat transfer situation. Then, the sample was instrumented with a thermocouple 
on its surface and then placed horizontally in the sample holder assembly. The samples sitting 
in the open air and ready to be heated by irradiance heat flux.  
The radiant heater was then set to 22 kW.m-2, which is relevant with temperature of 500oC.  
When subjected to external heating, wood starts to decompose, giving a mixture of volatile 
species and a carbonaceous residual or char as products. Flame could be seen to appear in the 
volatile stream and then flash down to the wood where it persisted on the surface. The ignition 
time and temperature were recorded as the first appearance of flame and the time of end-
ignition was recorded as the disappearance of flame. Meanwhile, the char layer was observed 
by measuring the thickness of char. The experimental procedures outlined above were 
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expression: 
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systematically repeated for various combinations of wood moisture content, and they were 
tested three times at per level of moisture content. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Fig. 1. Schematic layout of non-standard truncated cone 

 
3. Result and Discussions 
 

The fire property of wood samples under external heat flux is illustrated in Figure 2.  

 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 2. Temperature profile of wood under external heat flux. 
 
When subjected to external heater, woods start to decompose, produce a volatile matter and 
carbonaceous residual or char. As can be seen from Figure 2, the spontaneous ignition can 
be identified by the first sudden jump in the temperature measurement, at this point 
flaming combustion is achieved when the heat released by gas phase combustion of volatile 
products provides the heat flux needed for wood degradation and flame spread. After this 
point, the fire was getting bigger and reached the biggest fire and called as Peak Ignition. 
Later on the fire gradually weaker and finally the fire disappeared at the end ignition point. 
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This figure can be divided by three compartments: area between start and ignition called as 
the growth area, the fully development area between ignition and peak ignition, and the 
decay period between peak ignition and end ignition.    
The results of the experimentally study are presented as  histories of fire properties of wood 
(Ignition temperature, ignition time, end-ignition temperature, end-ignition time, and 
charring rate) that are illustrated in Figure 3 to Figure 7 and tabulated in Table 1 to Table 5. 
Ignition temperature is the temperature of the wood surface at the time of ignition. Figure 3 
and Table 1 show the behaviour of ignition temperature of woods under three different 
moisture content.  
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Fig. 3. Ignition Temperature of woods as functions of Moisture Content  
 

MC 
% 

Ignition Temperature, C 
keruing sono cemara kamper pinus mahoni 

0 584.76 542.3 585.59 650.9 555.9 646.91 
50 564 598.0 587.74 682.72 579.2 650.23 
100 551.2 637.1 589.8 719.5 566.9 667.19 

Table 1. Ignition Temperature of woods as functions of Moisture Content 
 
As can be seen from Figure 3, most of the curves have linear relationship between ignition 
temperature and moisture content. It shows that the higher the moisture content, the higher 
the ignition temperature. Kamper wood has the highest ignition temperature for every 
percent of moisture content. Meanwhile, for 50% of moisture content, the sequences of 
ignition temperature from the highest to the lowest show the same sequences for 100% of 
moisture content, as follow: kamper, mahoni, sono, cemara, pinus, and keruing. This ignition 
temperature sequences also occurred for 0% of moisture content, except for sono wood that 
shows the lowest ignition temperature. Characteristics of wood ignition temperature 
depend on the species of wood that consist of different percentage of cellulose, 
hemicellulose, and lignin. These chemical components might affect the behaviour of ignition 
temperature. This result agrees with Tran (1992), who claims that wood species 
approximately comprise 50% cellulose, 25% hemicellulose and 25% lignin. Lignin content 
significantly influences the rate of wood pyrolysis. And Dietenberger (2002) says that 
hemicellulose typically decomposes between 200-300oC followed by cellulose between 300-
350oC, and lignin between 280-450oC.   
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This figure can be divided by three compartments: area between start and ignition called as 
the growth area, the fully development area between ignition and peak ignition, and the 
decay period between peak ignition and end ignition.    
The results of the experimentally study are presented as  histories of fire properties of wood 
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charring rate) that are illustrated in Figure 3 to Figure 7 and tabulated in Table 1 to Table 5. 
Ignition temperature is the temperature of the wood surface at the time of ignition. Figure 3 
and Table 1 show the behaviour of ignition temperature of woods under three different 
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the ignition temperature. Kamper wood has the highest ignition temperature for every 
percent of moisture content. Meanwhile, for 50% of moisture content, the sequences of 
ignition temperature from the highest to the lowest show the same sequences for 100% of 
moisture content, as follow: kamper, mahoni, sono, cemara, pinus, and keruing. This ignition 
temperature sequences also occurred for 0% of moisture content, except for sono wood that 
shows the lowest ignition temperature. Characteristics of wood ignition temperature 
depend on the species of wood that consist of different percentage of cellulose, 
hemicellulose, and lignin. These chemical components might affect the behaviour of ignition 
temperature. This result agrees with Tran (1992), who claims that wood species 
approximately comprise 50% cellulose, 25% hemicellulose and 25% lignin. Lignin content 
significantly influences the rate of wood pyrolysis. And Dietenberger (2002) says that 
hemicellulose typically decomposes between 200-300oC followed by cellulose between 300-
350oC, and lignin between 280-450oC.   
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the growth area, the fully development area between ignition and peak ignition, and the 
decay period between peak ignition and end ignition.    
The results of the experimentally study are presented as  histories of fire properties of wood 
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the growth area, the fully development area between ignition and peak ignition, and the 
decay period between peak ignition and end ignition.    
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The effect of moisture content and the kind of wood on end-ignition temperature illustrates 
in Figure 4 and tabulated in Table 2. End-ignition temperature or extinguish temperature is 
the temperature when the fire disappear from the sample surface.  
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Fig. 4. End-Ignition Temperature of woods as functions of Moisture Content  
 

MC, 
% 

End-Ignition Temperature, C 
keruing sono cemara kamper pinus mahoni 

0 575.14 510.6 417.05 458.9 578.2 529.88 
50 500.05 460.7 386.39 407.82 551.1 503.5 
100 456.03 423.3 329.74 351.25 473.2 451 

Table 2. End-Ignition Temperature of woods as functions of Moisture Content  
 
Figure 4 and Table 2 indicate the effects of moisture content of woods on end-ignition 
temperature.  Ignition process of wood is glowing ignition followed by visible fire on the 
wood surface, and finished by the end of visible fire. In general, pinus wood has the highest 
end-ignition temperature, on the other hand, cemara wood has the lowest one. Moreover, the 
curves indicate that the end-ignition temperature decrease as the increase of moisture 
content.   
The Figure 5 and the Table 3 bellow show the performance of ignition time of woods as a 
function of moisture content.   
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Fig. 5. Ignition Time of woods as functions of Moisture Content 
 
 
 

 

MC, 
% 

Ignition Time, s 
keruing sono cemara kamper pinus mahoni 

0 179.33 185.7 157.2 193.67 127.3 319 
50 174 208.7 180.2 254 151.3 405 
100 205 250.3 198.7 270 176.7 445.67 

Table 3. Ignition Time of woods as functions of Moisture Content 
 
As can be seen from Table 3, all specimens tested needed at least about 2 minutes to catch 
fire at 0% Moisture Content, the longest time to have fire was mahoni wood with moisture 
content of 100%. Ignition time is the minimum time when sample tend to ignite and 
generate a visible flame or fire under a certain irradiance heat flux. The ignition time 
increases with the increase of moisture content. This is simply due to the higher the 
moisture content the more water inside the wood structure, as such, more time to evaporate 
the water prior ignition process.  Pinus woods need the shortest time to ignite, it is because 
pinus wood consist more lignin than the other woods, result in the quicker ignition time.    
The next Figure 6 and Table 4 provide data of end-ignition time under variety of moisture 
content and wood types.  
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Fig. 6. End-Ignition Time of woods as functions of Moisture Content  
 

MC, 
% 

End-Ignition Time, s 
keruing sono cemara kamper pinus mahoni 

0 831.33 272 943.33 538 970 779 
50 942.67 404 1191.34 652.3 1268 943 
100 1252 523 1288.67 766.7 1394 1086.7 

Table 4. End-Ignition Time of woods as functions of Moisture Content  
 
Figure 6 and Table 4 indicate the end-ignition time influenced by moisture content and the 
kinds of wood. In general the higher the moisture content, the longer the end-ignition time. 
Pinus has the longest time to extinguish, followed by cemara, keruing, mahoni, kamper, and 
sono. End-ignition time or extinguish time is the endurance of wood sample under fire 
condition. This fire endurance depends on the charring rate of wood. It can be noted that the 
longer the charring rate, the longer the end-ignition time. The endurance of fire on the 
sample surface also influenced by the oxygen availability, both oxygen in the sample 
structure and oxygen from environment. It means that the more the oxygen, the longer the 
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The Figure 5 and the Table 3 bellow show the performance of ignition time of woods as a 
function of moisture content.   
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Table 3. Ignition Time of woods as functions of Moisture Content 
 
As can be seen from Table 3, all specimens tested needed at least about 2 minutes to catch 
fire at 0% Moisture Content, the longest time to have fire was mahoni wood with moisture 
content of 100%. Ignition time is the minimum time when sample tend to ignite and 
generate a visible flame or fire under a certain irradiance heat flux. The ignition time 
increases with the increase of moisture content. This is simply due to the higher the 
moisture content the more water inside the wood structure, as such, more time to evaporate 
the water prior ignition process.  Pinus woods need the shortest time to ignite, it is because 
pinus wood consist more lignin than the other woods, result in the quicker ignition time.    
The next Figure 6 and Table 4 provide data of end-ignition time under variety of moisture 
content and wood types.  
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Figure 6 and Table 4 indicate the end-ignition time influenced by moisture content and the 
kinds of wood. In general the higher the moisture content, the longer the end-ignition time. 
Pinus has the longest time to extinguish, followed by cemara, keruing, mahoni, kamper, and 
sono. End-ignition time or extinguish time is the endurance of wood sample under fire 
condition. This fire endurance depends on the charring rate of wood. It can be noted that the 
longer the charring rate, the longer the end-ignition time. The endurance of fire on the 
sample surface also influenced by the oxygen availability, both oxygen in the sample 
structure and oxygen from environment. It means that the more the oxygen, the longer the 
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The effect of moisture content and the kind of wood on end-ignition temperature illustrates 
in Figure 4 and tabulated in Table 2. End-ignition temperature or extinguish temperature is 
the temperature when the fire disappear from the sample surface.  
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fire on the sample. The more oxygen in the sample structure, the more porous the sample, as 
such the lower the sample density.  
Figure 7 and Table 5 give the charring rate occurrence under different moisture content and 
wood species.  
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Table 5. Charring Rate of woods as functions of Moisture Content 
 
Figure 7 and Table 5 show the charring rate of all kinds of wood under various level of 
moisture content. The charring rate of wood refers to the dimensional rate (mm/h), at which 
wood change to char. The pyrolysis behaviour of wood as a charring fuel leaves relatively 
significant amounts of carbonaceous residue (char) when it burns. The porous residue, in 
turn, alters the heat and mass transfer processes within the solid. For every value of 
moisture content, mahoni wood has the highest rate of char formation; followed by pinus 
wood, sono wood, and keruing wood. On the other hand kamper wood and cemara wood have 
the lowest charring rate. The differences of wood charring rate are affected by the 
differences of wood characteristics such as density, permeability, anatomy, and chemical 
composition.  Compared with Figure 6, Figure 7 gives inconsistent results, the sequence of 
charring rate should be relevant with the sequence of end-ignition time. The only consistent 
result was found for keruing wood and kamper wood.     

 
4. Conclusions 
 

A typical virgin wood sample is made of solid cells strongly bounded but with evident 
cavities (slits), which seem to continue along the grain direction. After being exposed to 
external heat and formation of the char layer, the natural porosity of the material allows the 
volatile release and no major morphological changes occur within the virgin layer. 
However, the cell structure practically does not exist within the char layer. The cross 
sectional image of the sample suggests that the sample have larger cavities with thinner cell 

 

walls in its char layer. At high heat flux actuation, the char layer almost completely lost its 
own distinctions, at lower heat fluxes the char layer showed distinct similarities with virgin 
layer. This suggests that the structure of the sample and its transformation during the re-
ignition process is a function of the heat flux. 
In the present paper, the fire properties of autoignition of wood samples have been 
experimentally conducted. The results of the present study indicate that in general ignition 
temperature, ignition time, end-ignition temperature, end-ignition time, and charring rate of 
wood based materials are functions of their moisture content and their chemical 
composition.  In general, it can be indicate that fire properties of wood are affected by 
moisture content, chemical components, and density. More properly experimental 
equipment such as standard cone calorimeter should be applied in order to get the 
consistent results. 
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4. Conclusions 
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1. Introduction 
 

Concentration enhancement of solutions is often a process necessary in many industrial 
processes, including in liquid food concentration and wastewater treatment. At present, 
there are three available methods to carry out such a task, namely evaporation, reverse 
osmosis and freeze concentration. In evaporation, the water vapour from the heating 
process is removed and a more concentrated liquid is left behind. It is the simplest and 
commonest method but it uses a large amount of energy to supply for the heat of 
vaporisation of water which is 1000Btu/lb (Hunter and Hayslet, 2002). It is also not suitable 
to be engaged if the solution to be concentrated contains volatile organic compounds 
(VOCs), which would easily turn into dangerous and hazardous vapour when heated. 
Another increasingly favoured process for solution concentration enhancement is reverse 
osmosis (RO), which separates the solute and the liquid phase through a water selective 
membrane. RO uses the least amount of energy because it involves no phase changes and 
can produce water of very high purity, but clogging of the membrane can easily occur in 
most cases and replacement of the membrane will definitely involve a high cost. Its 
efficiency is also sometimes limited by the compatibility of the membrane with the chemical 
component of the solution, apart from the expensive cost in attaining the osmotic pressure 
required for the process. 
A later introduced method for the purpose of enhancing a solution concentration is freeze 
concentration (FC). FC is a process where the water component in a solution is frozen and 
crystallised as ice so that a more concentrated solution will be left behind. The water/ice 
crystals produced is supposed to be highly pure because the small dimensions of the ice 
crystal lattice makes the inclusion of any foreign compounds impossible except for 
fluorohydric acid and ammonia (Lorain, 2001), thus resulting in a highly effective separation 
of water components from the solution. The energy used in this process is relatively much 
lower than energy used in evaporation, which is only 143.5Btu/lb. It is also safe to be 
applied in concentrating solutions containing VOCs, making it a better option in treating 
wastewater compounded with this hazardous material. As the process do not involve any 
heating, most volatile components will stay in the concentrated solution, which makes FC 
favourable in concentration of liquid food such as fruit juices, coffee, dairy products and 
other food products, where the aroma of the liquid is one of the most important factors to 
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applied in concentrating solutions containing VOCs, making it a better option in treating 
wastewater compounded with this hazardous material. As the process do not involve any 
heating, most volatile components will stay in the concentrated solution, which makes FC 
favourable in concentration of liquid food such as fruit juices, coffee, dairy products and 
other food products, where the aroma of the liquid is one of the most important factors to 
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make it marketable. The highly pure water resulted form FC also has made the process 
suitable to be engaged for wastewater treatment, which enables the water (thawed ice) 
produced to be readily disposed off to the water streams. The amount of concentrated 
solution or wastewater left also leads to reduction of treatment cost as the wastewater 
volume is also reduced extensively. FC has been recorded to be able to concentrate 
approximately 80% of the dissolved compounds in 25% of the original volume (Maurer et.al, 
2006). 
Historically, FC was discovered by a Danish physician, Thomas Bartholinus (1616 – 1680), 
who reported that water obtained by melting ice formed in seawater was fresh (Rahman et 
al, 2006). The first paper publish on this subject was in 1786 by Lorgna, wondering why no 
effort was taken in artificial processes, imitating what nature does. Later, an interest in 
engaging FC in obtaining fresh water from sea water was revived in the late 1930s, when 
refrigeration process is available.  

 
2. Research Background 
 

Justification of the advantages of FC above has evolved into this research to discover the 
best FC system design to be employed, which will be focusing on its application for 
wastewater treatment particularly. In this context, the system should be designed with the 
attention of producing the purest water possible. 
There are two available methods for FC, which are suspension freeze concentration (SFC) 
and progressive freeze concentration (PFC). In SFC, the ice crystals are formed in a 
suspension in the mother liquor, which in this case is the concentrated solution, while in 
PFC the ice crystal is formed as a single block of ice on the refrigerated surface, as illustrated 
in Fig. 1.  
 
 
 
 
 
 
 
 
 
 
 
 
           (a)  (b) 
Fig. 1. Illustration of (a) Suspension Freeze Concentration and (b) Progressive Freeze 
concentration. 
 
A concentration process engaging SFC must be equipped with a filtration system for the ice 
crystals to be separated from the concentrate, along with a washing column to wash out 
those concentrates entrained in between and on the surface of the small ice crystals. This is 
indeed a drawback to the system which has subsequently bring about the later PFC process 
which is deemed simpler and does not require other unit operations for separation of the ice 
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block from the concentrates, and also eliminated the needs of using a scraped surface heat 
exchanger to produce ice seeds to facilitate further ice growth in SFC.  
Although PFC is reported to be a reasonably better solution for FC, its productivity is found 
still to be lower than SFC, which leads to many researches to find the most appealing design 
for the equipment where the ice crystallisation should occur. Many kinds of design have 
since been investigated to result in high efficiency and higher productivity. Among all, in 
2001, Wakisaka et. al. carried out a progressive freeze concentration research using ice 
maker channels in square pillar shape standing four in a row and eight in a line as a 
crossbeam in a well and the camber contained an agitation device. Sample used was glucose 
solution to represent the wastewater. They found out that on an average 1.4-fold 
concentrated solution was obtained after the PFC process. It also produced 135kg ice on 
average from one batch operation of 70min. In 2004, Miyawaki et. al. has conducted a 
research on PFC with a tubular design and the refrigeration is supplied at the wall of the 
cylinder. Therefore the ice layer is formed in a cylindrical shape. They concentrated sucrose 
solution, coffee extract and tomato juice and have proven that tubular ice system is effective 
as a method for scale up of PFC with an increased productivity and gives a high yield. A 
current research in 2006 by Habib and Farid from New Zealand utilized a fluidized bed heat 
exchanger (FBHE) to replace SSHE to eliminate the high capital investment. They used 
stainless steel particles in the FBHE and the ice layer is formed at the surface of the metal 
particle. The research was carried out to concentrate an 8% sodium chloride (NaCl) solution 
and they found out that the ice production rate was 1.1kg/hr. Another research is also 
carried out in 2006 by Reventos et. al.. In this research the crystallization unit is an indirect 
contact freezer where the energy for the refrigeration is transferred through the walls of a 
plate heat exchanger. Consequently, this produces layer crystallization in which the ice 
forms in thin layers on the surface of the heat exchanger (80cm x 60cm). The experiments 
were carried out using sugar solutions, which is glucose, fructose and sucrose. The best 
achievement was, after the PFC process, the 5º Brix sucrose was concentrated to 31.2º Brix in 
16.6 hours.  

 
3. Materials and Methods 
 

3.1 Materials 
In this research, focus is given to PFC for the purpose of wastewater treatment. As  the 
research is at a very early stage of testing the feasibility of a new design, glucose solution is 
used as a substitute to actual wastewater. This is a common practice is many PFC research 
as stated in researches by Miyawaki (2005) and Wakisaka (2001) and many others. The 
coolant used is ethylene glycol 50%v/v with water, which is capable of withholding its 
liquid phase when cooled below the freezing point of pure water. 

 
3.2 Experimental set-up 
Figure 2 illustrated the apparatus/equipment where the crystallisation of ice should occur 
termed here and afterwards as crystallisation chamber (CC). 
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liquid phase when cooled below the freezing point of pure water. 

 
3.2 Experimental set-up 
Figure 2 illustrated the apparatus/equipment where the crystallisation of ice should occur 
termed here and afterwards as crystallisation chamber (CC). 
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by PicoLog recorder software through a connected computer. This crystallisation chamber 
was then immersed in a refrigerated waterbath at the desired temperatures.  
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the crystallisation chamber is immersed in a refrigerated waterbath at the desired cooling 
temperature. The CC is connected via a silicone tube to a peristaltic pump which will 
circulate the solution from the feed tank and inside the CC for a period of time. A peristaltic 
pump is selected for this task because of its capability to fluidise the solution with minimal 
heat generation. The heat generated by the pump should be as minimum as possible to 
avoid reduction of cooling effects during the freezing process. The flowrate of the solution 
will be controlled by this pump. 

 
3.3 Experimental Procedure 
Glucose solution prepared was first kept in a freezer where the temperature of the solution 
should be near the freezing temperature of water. The temperature was kept at 3 to 4°C and 
the solution was mixed with glucose solution ice cubes to maintain the temperature during 
feeding. The solution was then fed to the chamber using a peristaltic pump through a 
silicone tube until its full volume was filled. Each end of the silicone tube was then 
connected to each other.  
The filled CC was then immersed in a precooled waterbath at the desired operation 
temperature, while the pump was run at the desired circulation flowrate. The solution then 
was left for crystallisation to occur for the desired circulation time. At the designated time, 
the circulation was stopped and the chamber was taken out of the waterbath to be thawed. 
The concentrated solution in the silicone tube was then collected as the concentrate sample 
via flushing with the pump. The flanges were unassembled and the whole volume of the 
concentrated solution was collected. The ice layer thickness at each flange point was 
measured and a sample of the ice layer produced was collected. Refractive index of each 
sample was then measured in order to determine its concentration. 

 
3.4 Evaluation of System Efficiency 
The efficiency of such a system depends closely on the intention of the application of the 
system. In this case, this PFC system is developed for the purpose of a wastewater 
treatment, therefore, the most important objective is to achieve the highest purity possible of 
the water to be disposed off. Observation should be carried out on the concentration of 
glucose in the ice block produced. It is also important to evaluate the volume reduction 
resulted from this process as the concentrate should be further treated to a certain standard 
before it is qualified to be channelled to the streams and rivers.  
Another factor should be looked into is the value of the effective partition constant, K, which 
is very synonym to a PFC process and a very common parameter used to evaluate such a 
system. The effective partition constant is evaluated by the concentration of solutes in the ice 
and bulk liquid phase (Gu et. al.,2008), as defined by Equation 1: 
 

K= Cs/CL                                                                (1) 
 
where Cs is  and CL are solute concentrations in ice and solution phase, respectively 
(Miyawaki, 2005).  
According to Miyawaki et.al, the value of K should be calculated experimentally, which is 
carried out by developing a linear equation from a mass balance of the process. When the 
volume of liquid is VL and concentration of solute in the liquid is CL, a mass balance 
equation for the process obtained would be expressed as follows, by assuming complete  
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mixing in the solution phase and no mixing in the ice phase: 
 

CLVL = - CSdVL + (CL + dCL)(VL + dVL)                                        (2) 
 
where (-dVL) is a small volume increase in the ice phase and dCL is the solute concentration 
increase in the solution phase assumed (Miyawaki, 2005). 
Combining Equation 4.1 and 4.2: 
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where V0 and C0 are the volume and the solute concentration at the beginning in the 
solution phase, respectively. The value of K is between 0 to 1, where K=0 when there is no 
freeze concentration and K=1 for complete freeze concentration. A series of experiment 
giving samples at consistent sampling times along the full time of circulation should 
produce a straight line, which K could be calculated from the gradient of a graph of log 
(C0/CL) against log (VL/V0).  

 
4. Results and Discussions 
 

An array of glucose solutions with different concentration were prepared for the refractive 
index (RI) to be measured. The range tested was 1 – 10 mg/ml, which is predicted to be the 
range of concentrations significant for the experiments to be carried out in this investigation. 
An advanced graphical tool was utilised to ensure a high reliability of the calibration curve 
produced. Fig. 4 shows the constructed curve with an R2 value of 0.9904 which portrays an 
excellent curve fitting of the results to the curve constructed. All values of RI for future 
experiments were based on this calibration curve, by keying in the value of RI for each 
sample into the function generated by the curve fitting equation. 
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Fig. 4. Glucose calibration curve 
 
During freezing, ice crystals were formed on the inner surface of the copper tube wall. Fig. 5 
and Fig. 6 show the ice layer formed in the CC at the end of the experiments. The thickness 
of the layer varied with the operating conditions varied throughout the experimental works. 
 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Fig. 5. Ice layer formed in the detached CC 
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Fig. 6. A close-up of the ice layer formed 

 
4.1 Effect of Circulation Time  
In order to study the effect of circulation time to this process, all other operating conditions 
were kept constant with circulation flowrate at 1000ml/min, coolant temperature of -8°C 
and an initial solution concentration of 7mg/ml. A series of screening test carried out 
previously revealed that the maximum time the CC could withhold before being completely 
full with ice lining was 23 minutes. Therefore, the range studied for the circulation time 
effect is 5 – 20 minutes.  
The purity of the ice block formed was evaluated by the amount of glucose in the solid 
phase indicated by the refractive index. Figure 7 shows the concentration of glucose in the 
ice phase at different circulation time. At 5 minutes, the ice produced seems to have quite a 
high concentration of glucose with just a reduction of 1.8% of the original concentration. 
From the observation of the ice layer produced, it could be seen that it is not solid, and more 
of a dendritic structure, which indicates that the freeze concentration process occurred was 
incomplete.  
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Fig. 7. Concentration of glucose in the solid phase at different circulation time. 
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Fig. 9. A graph showing the effect of circulation flowrate on the purity of water produced. 
 
During freezing the temperature of the wall is influenced by the coolant temperature, set at -
8°C, which is way below than the freezing point of pure water. As the solution flows inside 
the chamber, water component of the solution would first be frozen, because the 
temperature of the solution is lower than pure water. 
Through a concentration polarization model suggested by Miyawaki et. al. (1998), the 
concentration of solute is the highest at the ice-liquid interface, as depicted in Fig. 10. As the 
concentration is higher, constitutional supercooling would occur, thus encouraging 
formation of dendritic ice crystals to release the latent heat and deplete supercooling 
(Williamson & Chalmers, 1966). Solutes are normally trapped between the dendritic 
structures, which would easily be removed by high fluid flowrate, leaving behind an ice 
layer with high purity. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Fig. 10. Concentration polarization at the ice front in PFC 
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The solute in the solution would also be carried by the shear force of the fluid flow 
(Rodriguez, 2000). At high flowrates which have high shear force, the solute is brought 
away from the surface of the stagnant solid ice layer, causing lower contamination of the ice 
layer produced. 
The efficiency of the system was also evaluated from the value of K for each flowrate, which 
graph is plotted in Fig. 11. From the plotted graph, it can be seen that higher flowrate 
resulted in a lower K, which means better efficiency. This finding agrees with what was 
discussed earlier by Miyawaki et.al. (2005) and Ramos et.al. (2005), stating that higher 
flowrate will result in a highly pure ice crystal layer, giving in low value of K. This could 
also be explained by the likelihood of the occurrence of a planar ice growth from the cooling 
wall, which resulted from by a heat transfer with ice crystals from its tips, by keeping away 
the solutes from the ice-liquid interface (Wakisaka et.al., 2001). A further supporting graph 
is also provided in Figure 12. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Fig. 11. Graph plotted to see the effect of circulation flowrate on the effective partition 
constant, K. 
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4.3 Effect of Coolant Temperature 
The same experimental procedure was used in order to investigate the effect of coolant 
temperature on the efficiency of this system. Other parameters were kept constant with 
circulation flowrate at 1000 ml/min and initial concentration of 7mg/ml. Upon examining 
the samples and determination of its concentration, the effect of coolant temperature on K is 
depicted in Fig. 13. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Fig. 13. Effect of coolant temperature on K 
 
Coolant temperature controls the ice crystal front growth rate (Miyawaki). Ice growth rate 
increases with increasing difference between the entering solution and the surface 
temperatures (Flesland, 1995). A decrease in the coolant temperature brings a higher growth 
rate of ice front, which is undesirable to produce a low K for this system. The higher the ice 
growth rate, the more impurities would be entrained in the ice. This is because the speed of 
the moving front can become too high to overtake the solute outward movement. (Chen et 
al, 1998) and promote solute inclusion in the ice crystals. Therefore, low growth rate from 
suitable coolant temperature gives high purity of ice produced. 

 
5. Conclusion 
 

This work has proven that the designed crystallisation chamber is capable of producing ice 
layer with decreased concentrations compared to the initial concentration, and is deemed 
relevant for the purpose of wastewater treatment. The parameter studied should be further 
investigated in order to discover the most optimum operating condition, where it could 
produce ice layer with highest purity. Other possible operating conditions should also be 
investigated, including initial concentration of solution and initial solution temperature. 
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1. Introduction 
 

KUWAIT is shaped roughly like a triangle, surrounded by land on its northern, western and 
southern sides and sea on its eastern side, with 195 kilometers of coastlines, has an area of 
about 1.8x104 square kilometers and its most distant points, are about 200 kilometers north 
to south and 170 kilometers east to west. The bulk of the Kuwaiti populations live in the 
coastal area of Kuwait. Smaller populations inhabit the nearby city of Al-Jahrah. Kuwait's 
land is mostly flat and arid with little or no ground water. 
Crude oil is the only energy viable source and the major generating commodity in Kuwait. 
Kuwait Oil Company (KOC) is a state owned subsidiary of Kuwait Petroleum Corporation 
(KPC) that explores, produces and exports crude oil from the State of Kuwait. With a 
production of over two million barrels of oil a day it is one of the largest oil producing 
companies in the world. KOC is organized into four main producing areas: North Kuwait 
(NK), West Kuwait (WK) and South and East Kuwait (SEK). The second largest oil field in 
the world is Burgan Field which is managed and operated since 1938. Kuwait Oil Company 
manages the production and export of oil and gas with the associated facilities from more 
than twelve developed oil fields in the state of Kuwait. Crude is processed through a 
network of 21 gathering centres, where gas and water are separated. The processed oil is 
exported or refined at Kuwait’s large refining Industries. Separated gas that cannot be 
utilized economically is flared. This flaring produces a number of undesirable atmospheric 
emissions, including CO, CO2, SO2, H2S, NOx and particulates (PM2.5 and PM10). These 
pollutants are also released from other activities associated with the production of crude oil, 
such as local power generation (Gas Turbines, Diesel Turbines, Gas Engines, Gas/Diesel 
Engines,), and heating operation (Gas Boilers, Gas Heater Furnaces). Ambient air in Kuwait 
has the highest hydrocarbon concentrations by comparison to any developed country. The 
oilfields spread over the State and split off into four main parts of North Field, West Field, 
South and East Field that are locally administered at the site headquarters. Approximate 
distance from Ahmadi city: North Field is 70 miles (112 Km), West Field is 38 miles (60 Km) 
and South East Field is 12 miles (20 Km) (See Figure 1). 
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A comprehensive emission inventory from Kuwait Oilfields has been published[1] which 
provides an overall accurate account of all emissions of primary pollutants associated from 
flaring activities in the Kuwait Oilfields. This inventory records the annual emissions of air 
pollutants: NOX, SO2, CO, CO2, methane and non-methane hydrocarbons. The emissions 
are generated from various fixed point sources and mobile sources aggregated to obtain 
total pollutants load of ambient air. The emissions of pollutants from the flaring associated 
with all types of operations in the oilfields, gathering centers (GC), booster stations (BS), 
tank areas and other oil production related activities is the largest among other sources. The 
calculated emissions inventories data used in this works are the compulsory input for the 
ISCST3 model. 
The ground level concentrations of two selected primary pollutants (i.e. methane and non-
methane hydrocarbons) emitted from flaring activities at oil production facilities at North 
Kuwait have been discussed elsewhere[2]. Obviously methane and non-methane 
hydrocarbons are not the only pollutants gasses which result from flaring activities, but 
their high concentrations in ambient air is a matter of grave concern to select the right 
methodology for the calculation of ground level concentrations. 

 
2. Mathematical Model 
 

Industrial Source Complex (ISCST3) dispersion model modified by the US EPA[3] [4] in 1999 
is used in the present study. The ISCST3 algorithm is based on a Gaussian plume dispersion 
model (i.e. it solves the steady-state Gaussian plume equation) and calculates short-term 
pollutant concentrations from multiple point sources at a specified receptor grid on a level 
or gently sloping terrain. 
A. The Main Inputs Data Requires in the ISCST3 Model 
The ISCST3 model implementation requires three main inputs data as follows; 
Source Information: The source parameters required for the ISCST3 numerical model are 
pollutant emission rate (g/s), location coordinates (UTM), source height (m), exit inner 
diameter (m), exit gas speed (m/s), and exit gas temperature (°C). The required information 
on all the location coordinates, the respective emission rates and stacks characteristic 
(height, diameters), flue gas velocity and temperature at the discharge have been obtain 
from all flaring activities from all Kuwait oilfield [1]. A total of 18 stacks approximated with 
total emission rate of methane and non-methane hydrocarbons equal to 1084 g/s and 16884 
g/s contributed by WK Oilfields respectively a total of 28 stacks were used with total 
emission rate for methane non-methane hydrocarbons equal to 85.11 g/s and 847 g/s 
contributed by SEK Oilfields were used as input sources in the model. 
Receptor Information: The ISCST3 model has considerable flexibility in the specification of 
receptor locations, has the capability of specifying multiple receptor networks in a single 
run, and can also mixes Cartesian grid receptor networks and polar grid receptor networks 
in the same run. 
Two different kinds of Cartesian coordinate receptors were used as an input to the ISCST3 
model, these are; 
I. The course mesh for WK Oilfields covers approximately 40 km by 40 km with 441 
receptors superimposed with two finer meshes of 25km by 26km and 10km by 10km and 
SEK Oilfields covers approximately 40 km by 40 km with 441 receptors superimposed with 
two finer meshes of 17km by 38km and 5km by 5km. The three meshes are implemented to 

facilitate `accurate evaluation of ground level concentration using refined interpolation for 
computed results. The grid base elements are a square with side length of around 1 
kmx1km. 
II. Discrete Receptors points corresponding to the location of the major population centers 
and the existing monitoring stations in the State of Kuwait. The matrix of concentrations is 
plotted as a contour map for the selected meteorological data file. These receptors are 
selected based on actual sites in UTM location coordinate of Kuwait map. 
Meteorological Information: The meteorological data required are anemometer height (m) 
wind speed (m/s), wind direction (degree) clockwise from the north, air temperature, total 
and opaque cloud cover (%), stability class at the hour of measurement (dimensionless) and 
mixing height (m). The anemometer height about 10 m, wind speed, wind direction, air 
temperature and cloud cover have been obtained from direct measurements from Kuwait 
International Airport (KIA). One year hourly record of the surface and upper air 
meteorological data for year 2006 obtained from KIA weather Station[2] and is used in the 
present study for simulation of the dispersion of methane and non-methane hydrocarbons 
emitted from flaring in all Kuwait Oilfields areas ( NK, SEK, WK) during the oil production. 
The hourly stability class mixing height is estimated using PCRAMMET[5] that is a 
meteorological pre-processor for preparing National Weather Service (NWS) data for use in 
the ISCST3 US-EPA. The routine measurements of the surface and upper air meteorological 
data obtained from KIA for the year 2006 is used to run the PCRAMMET to generate an 
hourly ASCII input meteorological file containing the meteorological information 
parameters needed for the executed of the ISCST3 model. 
The stability class was defined on the basis of Pasquill categories, which are mainly a 
function of the hour of measurement, wind speed and sky cover (i.e., the amount of clouds). 
Based on temperature profile measurements, the mixing height was estimated by the model. 

 
3. Study Area 
 

The study area covers all of the Kuwait's oil producing zones which are located in three 
selections in the state of Kuwait. Figure 1 shows the Kuwait map with the location of the 
three oil producing areas (SEK, WK and NK). The total area of Kuwait around 1.8x104  km2 is 
divided into three independent sectors to calculate the ground level concentrations of 
methane and non-methane hydrocarbons. The modeling exercises are: 
 
1.  South East Kuwait ( SEK) Area : Consisting of Greater Burgan area having 14 gathering 

centers. 
2.  West Kuwait (WK) Area: Consisting of Minagish and Umm Gudair fields having 4 GCs 

and two BS’s. 
3.  North Kuwait (NK) Area: Consisting of Ratqa, Raudatin and Sabiriyah having 3 GCs and 

one BS. 
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from all flaring activities from all Kuwait oilfield [1]. A total of 18 stacks approximated with 
total emission rate of methane and non-methane hydrocarbons equal to 1084 g/s and 16884 
g/s contributed by WK Oilfields respectively a total of 28 stacks were used with total 
emission rate for methane non-methane hydrocarbons equal to 85.11 g/s and 847 g/s 
contributed by SEK Oilfields were used as input sources in the model. 
Receptor Information: The ISCST3 model has considerable flexibility in the specification of 
receptor locations, has the capability of specifying multiple receptor networks in a single 
run, and can also mixes Cartesian grid receptor networks and polar grid receptor networks 
in the same run. 
Two different kinds of Cartesian coordinate receptors were used as an input to the ISCST3 
model, these are; 
I. The course mesh for WK Oilfields covers approximately 40 km by 40 km with 441 
receptors superimposed with two finer meshes of 25km by 26km and 10km by 10km and 
SEK Oilfields covers approximately 40 km by 40 km with 441 receptors superimposed with 
two finer meshes of 17km by 38km and 5km by 5km. The three meshes are implemented to 

facilitate `accurate evaluation of ground level concentration using refined interpolation for 
computed results. The grid base elements are a square with side length of around 1 
kmx1km. 
II. Discrete Receptors points corresponding to the location of the major population centers 
and the existing monitoring stations in the State of Kuwait. The matrix of concentrations is 
plotted as a contour map for the selected meteorological data file. These receptors are 
selected based on actual sites in UTM location coordinate of Kuwait map. 
Meteorological Information: The meteorological data required are anemometer height (m) 
wind speed (m/s), wind direction (degree) clockwise from the north, air temperature, total 
and opaque cloud cover (%), stability class at the hour of measurement (dimensionless) and 
mixing height (m). The anemometer height about 10 m, wind speed, wind direction, air 
temperature and cloud cover have been obtained from direct measurements from Kuwait 
International Airport (KIA). One year hourly record of the surface and upper air 
meteorological data for year 2006 obtained from KIA weather Station[2] and is used in the 
present study for simulation of the dispersion of methane and non-methane hydrocarbons 
emitted from flaring in all Kuwait Oilfields areas ( NK, SEK, WK) during the oil production. 
The hourly stability class mixing height is estimated using PCRAMMET[5] that is a 
meteorological pre-processor for preparing National Weather Service (NWS) data for use in 
the ISCST3 US-EPA. The routine measurements of the surface and upper air meteorological 
data obtained from KIA for the year 2006 is used to run the PCRAMMET to generate an 
hourly ASCII input meteorological file containing the meteorological information 
parameters needed for the executed of the ISCST3 model. 
The stability class was defined on the basis of Pasquill categories, which are mainly a 
function of the hour of measurement, wind speed and sky cover (i.e., the amount of clouds). 
Based on temperature profile measurements, the mixing height was estimated by the model. 

 
3. Study Area 
 

The study area covers all of the Kuwait's oil producing zones which are located in three 
selections in the state of Kuwait. Figure 1 shows the Kuwait map with the location of the 
three oil producing areas (SEK, WK and NK). The total area of Kuwait around 1.8x104  km2 is 
divided into three independent sectors to calculate the ground level concentrations of 
methane and non-methane hydrocarbons. The modeling exercises are: 
 
1.  South East Kuwait ( SEK) Area : Consisting of Greater Burgan area having 14 gathering 

centers. 
2.  West Kuwait (WK) Area: Consisting of Minagish and Umm Gudair fields having 4 GCs 

and two BS’s. 
3.  North Kuwait (NK) Area: Consisting of Ratqa, Raudatin and Sabiriyah having 3 GCs and 

one BS. 
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A comprehensive emission inventory from Kuwait Oilfields has been published[1] which 
provides an overall accurate account of all emissions of primary pollutants associated from 
flaring activities in the Kuwait Oilfields. This inventory records the annual emissions of air 
pollutants: NOX, SO2, CO, CO2, methane and non-methane hydrocarbons. The emissions 
are generated from various fixed point sources and mobile sources aggregated to obtain 
total pollutants load of ambient air. The emissions of pollutants from the flaring associated 
with all types of operations in the oilfields, gathering centers (GC), booster stations (BS), 
tank areas and other oil production related activities is the largest among other sources. The 
calculated emissions inventories data used in this works are the compulsory input for the 
ISCST3 model. 
The ground level concentrations of two selected primary pollutants (i.e. methane and non-
methane hydrocarbons) emitted from flaring activities at oil production facilities at North 
Kuwait have been discussed elsewhere[2]. Obviously methane and non-methane 
hydrocarbons are not the only pollutants gasses which result from flaring activities, but 
their high concentrations in ambient air is a matter of grave concern to select the right 
methodology for the calculation of ground level concentrations. 

 
2. Mathematical Model 
 

Industrial Source Complex (ISCST3) dispersion model modified by the US EPA[3] [4] in 1999 
is used in the present study. The ISCST3 algorithm is based on a Gaussian plume dispersion 
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Fig. 1. Major Oilfields and Gathering Center (GC) in the State of Kuwait 

 
4. Results And Discussions 
 

ISCST3 model was used to simulate the ground level concentrations of methane and non-
methane hydrocarbons emitted from flaring activities in KOC at all points covered by the 
receptors information. ISCST3 model was then executed by summing the steady state 
concentration contributions from each source at each receptor point in the study area. The 
calculations were completed based on the model input parameters as described in the 
previous sections. The simulated results of the emission scenarios using the ISCST3 are on 
an hourly mean predicted ground level concentrations of methane and non-methane 
hydrocarbons. 
The hourly, daily and annual average maximum ground level concentrations of methane 
and non-methane hydrocarbons were evaluated and output results were compared with 
Kuwait Ambient Air Quality Standards (KAAQS) at all of the grid point receptors under the 
study area (443 receptors). Allowable levels of pollutants specified by KAAQS are shown in 
Table I. 
 

 
Table 1. 

The background concentration of each pollutant, methane and non-methane hydrocarbons 
in the ambient air prior to computation input data were considered almost negligible 
(Zero). 
A. Effect of Meteorological Conditions 
In general, clear sky, high temperature and airborne dust is the feature of the summer 
season whereas mid to relatively cold with light rain is feature of the winter season in 
Kuwait. These two contrasting weather conditions would have opposite effects on the 
dispersion of the pollutants and the concentrations levels through the processes of transport 
and reaction in the atmosphere. In winter season, the present of the cloud cover results in 
the reduction of the solar energy, ambient temperature and wind speed. These conditions 
decrease the photochemical reactions for the formation of ozone and increase the incidence 
of the surface based inversion that results in lower mixing height. Thus, these 
meteorological conditions during winter season would tend to increase the concentrations 
of the primary pollutants. 
B. North Kuwait Oilfield Area Results 
The predicted ground level concentrations of methane and non-methane hydrocarbons 
emitted from flaring activities at oil production facilities at North Kuwait have been 
discussed in detailed elsewhere[2]. The modeling results are presented as the 50 highest 
hourly, 50 highest daily and the 10 highest annual maximum ground level concentrations of 
methane and non-methane hydrocarbons resulting from 12 stacks with total emission rate 
equal to 218.3 g/s and 2909.1 g/s. The calculated values at the uniform grid receptors 
considering GC-15 (Source coordinate of X= 7.6 x 105, Y= 3.3 x 106) is considered as a 
reference point to interpret the location of not spots. 
The results reflect the increase in flaring in January 2006, due to regular shut down of 
Condensate Recovery Unit (CRU’s) in NK Oilfields and the strong influence of NW 
prevailing wind direction in Northern field Kuwait. It is concluded that the weather pattern 
in Kuwait in January 2006, especially the mean prevailing wind direction, significantly 
contributed to high concentrations of methane and non- methane hydrocarbons at ground 
level in residential areas located nearly 11 km bearing 104° N from the reference location. 
C. South and East Kuwait Oilfield Area Results 

 
5. Non-methane hydrocarbons Concentrations 
 

Figures 2a-2c show the modeling results as the 50 highest hourly, 50 highest daily and the 10 
highest annual maximum ground level concentrations of non-methane hydrocarbons. The 
calculated values from the uniform grid receptors are discussed in the proceeding section 
and GC-2 (Source coordinate of X= 7.8x105, Y= 3.2x106) is considered as a reference point to 
interpret all the location of high concentration. Isopleths plots (contours) were generated, as 
shown in Figures 3a-3c. The predicted values are in terms of μg/m3 and converted to ppm 
and ppb by using an average Molecular weight (46.9 g/gmole) for non-methane 
hydrocarbons. 
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Fig. 2a ISCST3 output data modeling results for the Maximum predicted hourly average 
concentrations of non-methane hydrocarbons with respect to GC-2 Source 
 

 
Fig. 2b ISCST3 output data modeling results for the maximum predicted daily average 
concentrations of non-methane hydrocarbons with respect to GC-2 Source 
 

 
Fig. 2c ISCST3 output data modeling results for the maximum predicted annual average 
concentrations of non-methane hydrocarbons with respect to GC-2 Source 
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The predicted maximum hourly average ground level concentration of non-methane 
hydrocarbons in the study area is 11.5 ppm on 14th May 2006 at 04:00 Hr at the receptor 
located nearly 8.3 km bearing 114 °SE as shown in Figure 2a and Figure 3a.  
The predicted maximum daily average ground level concentration of non-methane 
hydrocarbons in the study area are shown in Figure 2b and Figure 3b is 1.06 ppm on 27th 

May 2006 at the receptor located nearly 8.1 km bearing 116 °SE. This value is 11 times less 
than the maximum hourly average ground level concentration value. For the same location, 
Figure 2c and Figure 3c show that the highest annual maximum concentration of non-
methane hydrocarbons is equal to 60.4 ppb, which is 17 times less than the maximum daily 
average ground level concentration value. 
Kuwait-EPA has specified the concentration of non- methane hydrocarbons for early 
morning 3 Hours 6:00 -9:00 AM not exceeding 0.24 ppm. The computed 3 hours average 
data reveal that the predicted ground level concentration of non-methane hydrocarbons for 
the specified time 6:00 -9:00 AM has exceeded 120 times almost 48% of the total study 
period of the KAAQS ambient air quality standard. 

 
6. Methane Concentrations 
 

Figs. 4a-4c show the modeling results for the 50 highest daily and the 10 highest annual 
maximum ground level concentrations of methane resulting from 12 stacks with total 
emission rate equal to 218.32 g/s. The calculated values from the uniform grid receptors are 
discussed in the proceeding section and GC-2 (Source coordinate of X= 7.8x105, Y= 3.2x106) 
is considered as a reference point to interpret the location of high concentration. Figures 5a-
5c depicts the concentration variations in different zones. These present the maximum 
hourly, daily and annual ground level concentration of methane in ppm and ppb calculated 
at the specified uniform grid receptors are tabulated. 
The results presented in Figures 4a-4c and 5a-5c reveals predicted ground level 
concentrations of methane. The predicted maximum hourly average ground level 
concentration of methane in the study areas is 2.53 ppm on 14th May 2006 at 04:00 Hr at the 
receptor located nearly 8.3 km bearing 114° SE.  
The predicted maximum daily average ground level concentration of methane in the study 
areas (Figure 4b) is 0.233 ppm on 27th May 2006. This value is 11 times less than the 
maximum hourly average ground level concentration value at location nearly 8.1 km 
bearing 116°SE. It is not surprising that the highest annual maximum concentration of 
methane also at the same spot as the maximum hourly and daily. The highest annual 
maximum concentration of methane is 17.8 ppb which is 13 times less than the maximum 
daily average ground level concentration value.  
The above results reflect the increase in flaring in May 2006, due to regular shut down of 
Condensate Recovery Unit (CRU’s) in SEK Oilfields integrated with wind direction in 
Kuwait. Considering Figures 2a-2c, 3a-3c, 4a-4c and 5a-5c together, it can be concluded the 
weather pattern in Kuwait in May 2006, especially the mean prevailing wind, significantly 
contributed to high concentrations of methane and nonmethane hydrocarbons at ground 
level in residential areas located nearly 8.3 km bearing 114°SE.  
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Fig. 5a Isopleths plot for the maximum hourly average ground level concentrations of 
methane in μg/m3 

 

 
Fig. 5b Isopleths plot for the maximum daily average ground level concentrations of 
methane in μg/m3 
 

 
Fig. 5c Isopleths plot for the maximum annual average ground level concentrations of 
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D. West Kuwait Oilfield Area Results  
1. Non-methane hydrocarbons Concentrations Figures 6a-6c show the modeling results as 
the 50 highest hourly, 50 highest daily and the 10 highest annual maximum ground level 
concentrations of non-methane hydrocarbons. The calculated values from the uniform grid 
receptors are discussed in the proceeding section and GC-28 (Source coordinate of 
X=7.5x105, Y=3.2x106) is considered as a reference point to interpret the location of high 
concentration. Isopleths plots (contours) were generated, as shown in Figures 7a-7c. The 
predicted values are in terms of μg/m3 and converted to ppm and ppb by using an average 
Molecular weight (46.9 g/gmole) for non-methane hydrocarbons. 
 
The predicted maximum hourly average ground level concentration of non-methane 
hydrocarbons in the study area is 2.53 ppm on 28th August 2006 at 09:00 Hr at the receptor 
located nearly 23.8 km bearing 139° SE, confirming source strength with Poe valued 
meteorological conditions. (Figure 6a and Figure 7a). The predicted maximum daily average 
ground level concentration of non-methane hydrocarbons in the study area given in Figure 
6b is 0.275 ppm on 25th August 2006 at the receptor located nearly 22.7 km bearing 140° SE. 
This value is 10 times less than the maximum hourly average ground level concentration 
value. Figures 6c and 7c show that the highest annual maximum concentration of non-
methane hydrocarbons is equal to 39.5 ppb, which is 7 times less than the maximum daily 
average ground level concentration value. 2. Methane Concentrations Figure 8a-8c show the 
modeling results for the 50 highest hourly, 50 highest daily and the 10 highest annual 
maximum ground level concentrations of methane. The calculated values from the uniform 
grid receptors are discussed in the proceed section and GC-28 (Source coordinate of X= 
7.5x105, Y= 3.2x106) is considered as a reference point to interpret the location of high 
concentration. Figures 9a-9c depicts the concentration variations in different zones that 
present the maximum hourly, daily and annual ground level concentration of methane in 
ppm and ppb are calculated at the specified uniform grid receptors and are tabulated. 
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Fig. 6a ISCST3 output data modeling results for the Maximum predicted hourly average 
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Fig. 8a ISCST3 output data modeling results for the Maximum predicted hourly average 
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The results presented in Figures 8a-8c and 9a-9c revealed that predicted ground level 
concentrations of methane. The predicted maximum hourly average ground level 
concentration of methane in the study areas is 0.462 ppm on 28th August 2006 at 09:00 Hr at 
the receptor located nearly 23.8 km bearing 141 ° SE. The predicted maximum daily average 
ground level concentration of methane in the WK Oilfields is 50 ppb on 25th August 2006 
given in Table VB. This value is 9 times less than the maximum hourly average ground level 
concentration value. This receptor is located nearly 22.7 km bearing 140° SE. It is not 
surprising that the highest annual maximum concentration of methane also at the same spot 
as the maximum hourly and daily. The highest annual maximum concentration of methane 
is 6.8 ppb which is 7 times less than the maximum daily average ground level concentration 
value. Due to Shutdown in KNPC (Acid Gas Removal Plant, AGRP), the percentage of 
flaring on WK Oilfields was high for months July and August (87% and 95%). There is 
strong influence of prevailing north west wind in Summer, August hours morning. Most of 
the highest values predicted were in summer and early morning hours due to low 
temperature and low in version layer. The total gas production is from mainly three major 
oilfields and associated gas are 55%,12%,33% from SEK, WK, NK respectively. The flaring 
due to complication in gas handling facilities are 3.8 %, 66.8% and 29.4% from SEK, WK, NK 
respectively. 

 
7. Conclusion 
 

From the comparison between the simulated results for emission scenarios in the North, 
Southeast and West Kuwait Oilfields it can be concluded the following; 
 Methane and non-methane hydrocarbons are not the only green house gasses which 

result from flaring activities. The flaring of excess gas is the largest single source of 
atmospheric emissions arising from KOC operations. However, flaring produces carbon 
dioxide, oxides of sulphur and nitrogen (NOx) and other chemical species that are 
results of incomplete combustion, such as carbon monoxide, aldehydes, ketones and 
other organic compounds known as VOCs (Volatile Organic Compounds). However the 
methane and non-methane hydrocarbons gases provide typical samples which are focus 
of this research. The emissions from flaring activities in different oilfields are used as an 
input for the ISCST3 model to investigate the impact on the air quality and methane and 
non-methane hydrocarbons levels. The statistical comparison between the 50 highest 
daily measured and predicted concentrations emissions at SEK, WK and NK existing air 
quality monitoring site showed a good agreement validating the model results. 

 SEK, WK, NK represented 22.1%, 4.9% and 73%from total emissions respectively. The 
highest predicted concentration of methane and non-methane in NK Oilfields occurred 
from the centre of GC-15 near Um Al-Aish monitoring station and not far from the 
residential areas. 

 NK Oilfields have generated a high ground level concentration of methane and non-
methane hydrocarbons than SEK and WK Oilfields. This is because of the unexpected 
problems in NK Oilfields. The highest average ground level concentration of methane 
and nonmethane hydrocarbons, hourly, daily and annually were in the months of 
January and September due to high emission rates resulted due to malfunctioning of 
condensate recovery unit. The prevailing meteorological conditions in the month of 

January have resulted into the top highest ground concentrations due to low 
temperatures and low inversion layer and calm wind conditions. 

 There is a need for correct and adequate emission inventory for all oil production 
facilities to minimize the impact of pollutants released from flaring activities. 

In future this work can be extended to include other pollutants such as NOX, SO2, CO, CO2 
and the organic components. Therefore, there is a need for a proper emission inventory 
strategy for KOC to minimize the impact of NOX, SO2, CO, CO2, methane and non-methane 
hydrocarbons released from flaring activities. 
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1. Introduction 
  

Electronic document management systems provide great benefits to society. Software tools 
such as word processors are used in the generation, storage, and retrieval of documents in 
specific formats. Using such tools, documents can be edited, printed, or distributed 
electronically across networks. However, with paper documents, the previous tasks cannot 
be accomplished by computers, so there is a need to extract the information in documents to 
store them in a computerized format. The solution for this task is in the branch of pattern 
recognition known as Document Analysis and Recognition (DAR). The main aim here is to 
imitate the human ability in reading text with high speed and accuracy. Optical Character 
Recognition (OCR) is the most crucial part of DAR (Khorsheed 2002) . 
As time passes, computers become more powerful, and tasks can be done quicker. It is still 
however necessary to make computers more versatile, by enabling them to carry out tasks 
that are natural to humans, such as the ability to read the machine printed or handwritten 
text. The automatic recognition of a document requires transferring the text in an image file. 
This process causes the system to lose any temporal information relating to the text 
{Khorsheed, 2002 #14}. 
Automatic recognition has enabled many applications such as office automation, banking in 
terms of verification of cheques, data entry and mailing services in terms of post/zip codes 
{Lorigo, 2006 #2}. In such applications, the interaction between the man and the machine can 
be improved by implementing character recognition systems (Amin 1997). 
Handwritten text recognition has significant potential for such applications. More 
importantly, it may be used as a natural form of human-computer interaction. In general, 
this task can be divided into online based or offline based systems. Recognition in the online 
based systems is based on pen movements, which is the dynamics of writing. However, 
recognition in the offline based systems is based solely on the written text image. Offline 
recognition is the more difficult of two because it cannot make use of additional information 
available to online systems such as the strength and sequential order of the writing [1]. In 
this paper, the focus is on offline recognition of handwritten Arabic text.A large number of 
research papers have been written relating to Latin, Chinese, and Japanese handwriting. On 
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this paper, the focus is on offline recognition of handwritten Arabic text.A large number of 
research papers have been written relating to Latin, Chinese, and Japanese handwriting. On 
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the other hand, relatively little research has been done on Arabic handwriting. This is due to 
the complexity of Arabic text and to a lack of Arabic databases. The automated methods for 
the recognition of Arabic text are at the early stage compared to the methods of recognition 
of Latin, Chinese, and Japanese texts. In addition, there is a major challenge in the Arabic 
writing recognition systems due to the cursive nature of the data. In this chapter, we 
emphasize on offline recognition of handwritten Arabic text.  
Arabic is written by more than 250 million people (Amin 1997). By nature, Arabic text is 
cursive, which makes its recognition rate lower than that of printed Latin. In a similar way 
to English, Arabic writing uses letters. The Arabic alphabet consists of 28 letters, and text is 
written from right to left in a cursive way. Each Arabic letter has either two or four shapes 
depending on its position in the text. The shapes are classified based on their position which 
can be start, middle, end, or alone {Amin, 1996 #22}. Table 1 shows each shape for each 
letter. For example letter Ayn (ع) has the following shapes: start عـ, middle ـعـ, end ـع, and 
alone ع. In addition, Arabic language uses diacritical marking such as fattha, dumma, kasra, 
hamza(zigzag), shadda, or madda. The presence or absence of vowel diacritical indicates 
different meaning {Amin, 1998 #20}. For example some words are written in the same way, 
but they are different in the meaning such as:  مدرسة , which can be school or teacher; آليـة , 
which can be college or kidney; حـب , which can be love or seeds. Normally, the diacritical 
marking are not written in the handwriting, but if the words are isolated, diacritical marking 
are essential to differentiate between the possible meanings. Using dots makes some Arabic 
letters special {Amin, 1998 #20; Lorigo, 2006 #2; Amin, 1997 #15} as follows:  

 Ten Arabic letters have one dot ( ب،ج،خ،ذ،ز،ض،ظ،غ،ف،ن) 
 Three Arabic letters have two dots (ت،ق،ي) 
 Two Arabic letters have three dots (ث،ش) 
 Several Arabic letters  presents loop (ص،ض،ط،ظ،ـعـ،ـغـ،ف،ق،م،ـمـ،و،ة) 

 
It is worth knowing that removal of any of these dots will lead to a misrepresentation of the 
character. So, efficient pre-processing techniques have to be used in order to deal with these 
dots without removing them and changing the identity of the character. There are six letters 
which are not connected from the left resulting in the separation of the word into sub-words 
or pieces of Arabic words (PAW) {Lorigo, 2006 #2}. Figure 1 shows examples of Arabic 
words with one, two, and three sub-words.  
 

 

 

Fig. 1. words with one, two, three sub-words 
 
Generally, the handwritten text is written on a page divided into lines which are further 
divided into words. There are spaces between the lines, and there are spaces between the 
words. The spaces between the words define the word boundaries. Normally, the space 
between the sub-words is one third of the space between the words. This is done 
consistently in printed text, but it varies in handwritten text {Amin, 2000 #19}.  

 

 

To this end, a range of attempts have been reported in the literature on Arabic text 
recognition. Almuallim and Yamaguchi {Almuallim, 1987 #70} proposed a structural 
recognition technique for Arabic handwritten words. Their method thinned and segmented 
the words into strokes. They used coordinates to represent the continuous stroke curves. 
Their method extracted each stroke’s start and end points. Finally, the strokes were 
classified based on their topological and geometrical features. They tested their method on a 
database of 400 words written by two persons. However, their system failed in most cases 
due to incorrect segmentation of words. 
This chapter focuses on the pre-processing phase of Arabic handwritten text recognition and 
introduces new methods for baseline estimation and word segmentation. The rest of this 
chapter is structured in four sections, where section 2 describes state of the art; section 3 
describes the proposed methods including baseline detection, Extracting connected 
components and sub-words, and Segmentation of Words; section 4 presents experimental 
results and discussion, and finally, section 5 provides concluding remarks. 
 

Name Alone (isolated) Start Middle End 
Alif ـا ـا ا ا 
Baa ـب ـبـ بــ ب 
Taa ـت ـتـ تـ ت 
Thaa ـث ـثـ ثـ ث 
Jeem ـج ـجـ جـ ج 
Haa ـح ـحـ حـ ح 
Khaa ـخ ـخـ خـ خ 
Dall ـد ـد د د 
Dhaal ـذ ـذ ذ ذ 
Raa ـر ـر ر ر 
Zaay ـز ـز ز ز 
Seen ـس ـسـ سـ س 
Sheen ـش ـشـ شـ ش 
Saad ـص ـصـ صـ ص 
Daad ـض ـضـ ضـ ض 
TTaa ـط ـط ط ط 
Dhaa ـظ ـظ ظ ظ 
Ayn ـع ـعـ عـ ع 
Ghyan ـغ ـغـ غـ غ 
Faa ـف ـفـ فـ ف 
Qaaf ـق ـقـ قـ ق 
Kaaf ـك ـكـ آـ ك 
Laam ـل ـلـ لـ ل 
Meem ـم ـمـ مـ م 
Noon ـن ـنـ نـ ن 
Haa ـه ـهـ هـ ه 
Waw ـو ـو و و 
Yaa ـي ـيـ يـ ي 
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writing recognition systems due to the cursive nature of the data. In this chapter, we 
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letter. For example letter Ayn (ع) has the following shapes: start عـ, middle ـعـ, end ـع, and 
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different meaning {Amin, 1998 #20}. For example some words are written in the same way, 
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the other hand, relatively little research has been done on Arabic handwriting. This is due to 
the complexity of Arabic text and to a lack of Arabic databases. The automated methods for 
the recognition of Arabic text are at the early stage compared to the methods of recognition 
of Latin, Chinese, and Japanese texts. In addition, there is a major challenge in the Arabic 
writing recognition systems due to the cursive nature of the data. In this chapter, we 
emphasize on offline recognition of handwritten Arabic text.  
Arabic is written by more than 250 million people (Amin 1997). By nature, Arabic text is 
cursive, which makes its recognition rate lower than that of printed Latin. In a similar way 
to English, Arabic writing uses letters. The Arabic alphabet consists of 28 letters, and text is 
written from right to left in a cursive way. Each Arabic letter has either two or four shapes 
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alone ع. In addition, Arabic language uses diacritical marking such as fattha, dumma, kasra, 
hamza(zigzag), shadda, or madda. The presence or absence of vowel diacritical indicates 
different meaning {Amin, 1998 #20}. For example some words are written in the same way, 
but they are different in the meaning such as:  مدرسة , which can be school or teacher; آليـة , 
which can be college or kidney; حـب , which can be love or seeds. Normally, the diacritical 
marking are not written in the handwriting, but if the words are isolated, diacritical marking 
are essential to differentiate between the possible meanings. Using dots makes some Arabic 
letters special {Amin, 1998 #20; Lorigo, 2006 #2; Amin, 1997 #15} as follows:  

 Ten Arabic letters have one dot ( ب،ج،خ،ذ،ز،ض،ظ،غ،ف،ن) 
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It is worth knowing that removal of any of these dots will lead to a misrepresentation of the 
character. So, efficient pre-processing techniques have to be used in order to deal with these 
dots without removing them and changing the identity of the character. There are six letters 
which are not connected from the left resulting in the separation of the word into sub-words 
or pieces of Arabic words (PAW) {Lorigo, 2006 #2}. Figure 1 shows examples of Arabic 
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2. Previous work  

Amin and Alsadoun (Amin and Al-Sadoun 1992) proposed a new technique for segmenting 
hand printed Arabic text using binary trees and a parallel thinning algorithm  
{Guo, 1989 #72} for producing the skeleton of the image. They traced the thinned image 
from right to left using a 33 window and recorded the structure of the traced parts. They 
used the Freeman code {Freeman, 1961 #73} to describe the primitives. A binary tree 
consisting of several nodes is constructed using specified rules. Each node is used to 
describe the shape part of a connected component. After construction of the binary tree, 
smoothing is done in order to minimize the number of nodes, minimize the Freeman code 
string, and to minimize any noise in the thinned image. Finally, they implemented 
segmentation by dividing the binary tree into several sub-trees in which each sub-tree 
represents a character. Advantages of their proposed technique are the abilities to segment 
overlapping characters and characters which have short connection between them. Motawa 
et al. (Motawa, Amin et al. 1997) introduced an algorithm for segmenting Arabic words into 
characters by applying mathematical morphological techniques. Several pre-processing 
tasks were performed on the input images including binarization, slant correction and 
connected components construction. The slant correction process detected the slope first 
using a single erosion operation before correcting it. Finally, connected components were 
found and contours applied to extract sub-words and the complementary characters. The 
segmentation algorithm performed first a filtering operation for noise removal. This was 
done by two successive morphological operations (closing followed by opening). Second, 
singularities were found by applying opening to the word image. Third, regularities were 
found by subtracting the singularities from the original image. For the recognition process, 
hidden Markov models (HMMs) were used to test the algorithm on a few hundred words 
resulting in a good recognition rate of 81.88%. Abuhaiba et al. {Abuhaiba, 1996 #62} dealt 
with several problems in the processing of binary images of handwritten text documents. 
First, applying the distance transform to the thinned image, they created an algorithm which 
extracts the straight line of a textual stroke. The goal of this method is to identify the 
spurious points from the thinned images. The extracted straight lines keep the structural 
information of the original pattern. Second, a threshold is calculated in order to remove 
outlying pixels whose distance exceeds the threshold. Finally, a method is developed to 
extract lines from pages of handwritten text by finding the shortest spanning tree of a graph 
formed from the set of main strokes. Then main strokes of extracted lines are arranged in an 
order similar to their written order by following the path in which they are contained. Then, 
every secondary stroke is assigned to the closest main stroke. By the end, a list of main 
strokes with their relevant secondary strokes is achieved resulting in a combination of main-
secondary strokes. Each element in the list can be the input to the classifier. Their method 
proved to be powerful and suitable for variable handwriting. Al-Badr and Hararlick (Al-
Badr and Haralick 1995) introduced a holistic recognition system which recognizes Machine 
printed Arabic word without segmentation. Their system is based on describing the shape 
primitives as symbols. The instances of the predefined shape primitives are detected by 
applying the erosion operation on the word image. The system locates the best spatial 
arrangement of symbol models by applying a state space search. The detected primitives are 
matched with symbol models. The system was tested on a lexicon of 42000words, and the 
recognition rate achieved was 99.4% on noise free text and 73% for scanned text. 
Alma'adeed et al. {Alma'adeed, 2002 #84} introduced a system for classifying Arabic 

 

 

handwritten words based on HMM. First, the word images were normalized by removing 
variations which did not affect the identity of the word. The normalization included stroke 
width, slope, and the letter height yielding a uniform height of one pixel wide stroke. 
Second, the skeleton of the image was constructed, and 29 features extracted. Finally, a 
classification process based on the HMM was used. Since there was no standard Arabic 
database, this system was tested on a special database (Al-Ma'adeed, Elliman et al. 2002) of 
4700 handwritten words written by 100 writers. The recognition rate achieved was 45% 
because some words conflict with each other.  
Alma'adeed et al. {Alma'adeed, 2004 #85} introduced a system for unconstrained Arabic 
handwritten word recognition based on multiple HMMs. First, pre-processing tasks were 
performed similar to the work in {Alma'adeed, 2002 #84}. In order to improve the 
recognition rate in {Alma'adeed, 2002 #84}, global features, such as numbers of upper dots, 
numbers of lower dots, and the numbers of segments, ascenders and descenders, were used 
to differentiate the words from each other. By using these features and the multiple HMM, 
in which each HMM used a different set of features the system removes all the variation in 
the images. Second, the skeleton of the image was performed, and 29 features were 
extracted. Finally, a classification process based on the HMM was used. This system was 
tested on a database (Al-Ma'adeed, Elliman et al. 2002) of 100 handwritten words written by 
1000 writers. The recognition rate achieved was 60% before using post processing. The 
codebook size was chosen after testing and selected different words for each group. There 
were eight groups where the first group had 90 words, second had 100 words, the third had 
80 words, the fourth had 90 words, and eighth had 120 words. The recognition rate was 
different for each group. The first group had a 97% recognition rate, while the eighth group 
had only 60% recognition rate. Alma'adeed (Alma'adeed 2006) introduced a system for 
unconstrained Arabic handwritten word recognition using a neural network classifier (NN). 
This system used the pre-processing and features in {Alma'adeed, 2002 #84; Alma'adeed, 
2004 #85}. The NN had 8 neurons for the input layer, 40 neurons for the middle layer, and 
the output layer had 70 neurons since the NN classifier used 70 different words. The 
accuracy achieved was 63%. 
Khorsheed and Clocksin (Khorsheed and Clocksin 1999) presented a technique for 
extracting the structural features from Arabic cursive text. Several pre-processing tasks were 
performed including: thinning based on Stentiford’s algorithm (Parker 1997) and skeleton 
centroid calculation to find a reference point relative to all segment locations. The features 
were extracted in three steps. First, segment extraction was done using the skeleton graph of 
the word image which consists of a number of segments. There are feature points where a 
segment starts and ends. Second, loop extraction in which the loops are divided into three 
categories: a simple loop, a complex loop, and a double loop. The loops are checked during 
the segment extraction. Third, segment transformation is done after extracting the segment 
and the loops. The Viterbi algorithm {Rabiner, 1986 #88} is used to form a codebook by 
portioning the training samples into several classes, and the codebook includes 76 symbols. 
The technique was tested with a lexicon of 294 words acquired from a different text sources 
by using the HMM, and recognition rates of up to 97% were achieved.  
Khorsheed and Clocksin (Khorsheed and Clocksin 2000) presented a holistic recognition 
system for recognizing Arabic cursive words. First, Fourier coefficients are extracted from a 
word image after converting it into a normalized polar image. Using the average coefficient 
values for sample training, each word was represented by template form. The recognition 
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2. Previous work  

Amin and Alsadoun (Amin and Al-Sadoun 1992) proposed a new technique for segmenting 
hand printed Arabic text using binary trees and a parallel thinning algorithm  
{Guo, 1989 #72} for producing the skeleton of the image. They traced the thinned image 
from right to left using a 33 window and recorded the structure of the traced parts. They 
used the Freeman code {Freeman, 1961 #73} to describe the primitives. A binary tree 
consisting of several nodes is constructed using specified rules. Each node is used to 
describe the shape part of a connected component. After construction of the binary tree, 
smoothing is done in order to minimize the number of nodes, minimize the Freeman code 
string, and to minimize any noise in the thinned image. Finally, they implemented 
segmentation by dividing the binary tree into several sub-trees in which each sub-tree 
represents a character. Advantages of their proposed technique are the abilities to segment 
overlapping characters and characters which have short connection between them. Motawa 
et al. (Motawa, Amin et al. 1997) introduced an algorithm for segmenting Arabic words into 
characters by applying mathematical morphological techniques. Several pre-processing 
tasks were performed on the input images including binarization, slant correction and 
connected components construction. The slant correction process detected the slope first 
using a single erosion operation before correcting it. Finally, connected components were 
found and contours applied to extract sub-words and the complementary characters. The 
segmentation algorithm performed first a filtering operation for noise removal. This was 
done by two successive morphological operations (closing followed by opening). Second, 
singularities were found by applying opening to the word image. Third, regularities were 
found by subtracting the singularities from the original image. For the recognition process, 
hidden Markov models (HMMs) were used to test the algorithm on a few hundred words 
resulting in a good recognition rate of 81.88%. Abuhaiba et al. {Abuhaiba, 1996 #62} dealt 
with several problems in the processing of binary images of handwritten text documents. 
First, applying the distance transform to the thinned image, they created an algorithm which 
extracts the straight line of a textual stroke. The goal of this method is to identify the 
spurious points from the thinned images. The extracted straight lines keep the structural 
information of the original pattern. Second, a threshold is calculated in order to remove 
outlying pixels whose distance exceeds the threshold. Finally, a method is developed to 
extract lines from pages of handwritten text by finding the shortest spanning tree of a graph 
formed from the set of main strokes. Then main strokes of extracted lines are arranged in an 
order similar to their written order by following the path in which they are contained. Then, 
every secondary stroke is assigned to the closest main stroke. By the end, a list of main 
strokes with their relevant secondary strokes is achieved resulting in a combination of main-
secondary strokes. Each element in the list can be the input to the classifier. Their method 
proved to be powerful and suitable for variable handwriting. Al-Badr and Hararlick (Al-
Badr and Haralick 1995) introduced a holistic recognition system which recognizes Machine 
printed Arabic word without segmentation. Their system is based on describing the shape 
primitives as symbols. The instances of the predefined shape primitives are detected by 
applying the erosion operation on the word image. The system locates the best spatial 
arrangement of symbol models by applying a state space search. The detected primitives are 
matched with symbol models. The system was tested on a lexicon of 42000words, and the 
recognition rate achieved was 99.4% on noise free text and 73% for scanned text. 
Alma'adeed et al. {Alma'adeed, 2002 #84} introduced a system for classifying Arabic 

 

 

handwritten words based on HMM. First, the word images were normalized by removing 
variations which did not affect the identity of the word. The normalization included stroke 
width, slope, and the letter height yielding a uniform height of one pixel wide stroke. 
Second, the skeleton of the image was constructed, and 29 features extracted. Finally, a 
classification process based on the HMM was used. Since there was no standard Arabic 
database, this system was tested on a special database (Al-Ma'adeed, Elliman et al. 2002) of 
4700 handwritten words written by 100 writers. The recognition rate achieved was 45% 
because some words conflict with each other.  
Alma'adeed et al. {Alma'adeed, 2004 #85} introduced a system for unconstrained Arabic 
handwritten word recognition based on multiple HMMs. First, pre-processing tasks were 
performed similar to the work in {Alma'adeed, 2002 #84}. In order to improve the 
recognition rate in {Alma'adeed, 2002 #84}, global features, such as numbers of upper dots, 
numbers of lower dots, and the numbers of segments, ascenders and descenders, were used 
to differentiate the words from each other. By using these features and the multiple HMM, 
in which each HMM used a different set of features the system removes all the variation in 
the images. Second, the skeleton of the image was performed, and 29 features were 
extracted. Finally, a classification process based on the HMM was used. This system was 
tested on a database (Al-Ma'adeed, Elliman et al. 2002) of 100 handwritten words written by 
1000 writers. The recognition rate achieved was 60% before using post processing. The 
codebook size was chosen after testing and selected different words for each group. There 
were eight groups where the first group had 90 words, second had 100 words, the third had 
80 words, the fourth had 90 words, and eighth had 120 words. The recognition rate was 
different for each group. The first group had a 97% recognition rate, while the eighth group 
had only 60% recognition rate. Alma'adeed (Alma'adeed 2006) introduced a system for 
unconstrained Arabic handwritten word recognition using a neural network classifier (NN). 
This system used the pre-processing and features in {Alma'adeed, 2002 #84; Alma'adeed, 
2004 #85}. The NN had 8 neurons for the input layer, 40 neurons for the middle layer, and 
the output layer had 70 neurons since the NN classifier used 70 different words. The 
accuracy achieved was 63%. 
Khorsheed and Clocksin (Khorsheed and Clocksin 1999) presented a technique for 
extracting the structural features from Arabic cursive text. Several pre-processing tasks were 
performed including: thinning based on Stentiford’s algorithm (Parker 1997) and skeleton 
centroid calculation to find a reference point relative to all segment locations. The features 
were extracted in three steps. First, segment extraction was done using the skeleton graph of 
the word image which consists of a number of segments. There are feature points where a 
segment starts and ends. Second, loop extraction in which the loops are divided into three 
categories: a simple loop, a complex loop, and a double loop. The loops are checked during 
the segment extraction. Third, segment transformation is done after extracting the segment 
and the loops. The Viterbi algorithm {Rabiner, 1986 #88} is used to form a codebook by 
portioning the training samples into several classes, and the codebook includes 76 symbols. 
The technique was tested with a lexicon of 294 words acquired from a different text sources 
by using the HMM, and recognition rates of up to 97% were achieved.  
Khorsheed and Clocksin (Khorsheed and Clocksin 2000) presented a holistic recognition 
system for recognizing Arabic cursive words. First, Fourier coefficients are extracted from a 
word image after converting it into a normalized polar image. Using the average coefficient 
values for sample training, each word was represented by template form. The recognition 
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Amin and Alsadoun (Amin and Al-Sadoun 1992) proposed a new technique for segmenting 
hand printed Arabic text using binary trees and a parallel thinning algorithm  
{Guo, 1989 #72} for producing the skeleton of the image. They traced the thinned image 
from right to left using a 33 window and recorded the structure of the traced parts. They 
used the Freeman code {Freeman, 1961 #73} to describe the primitives. A binary tree 
consisting of several nodes is constructed using specified rules. Each node is used to 
describe the shape part of a connected component. After construction of the binary tree, 
smoothing is done in order to minimize the number of nodes, minimize the Freeman code 
string, and to minimize any noise in the thinned image. Finally, they implemented 
segmentation by dividing the binary tree into several sub-trees in which each sub-tree 
represents a character. Advantages of their proposed technique are the abilities to segment 
overlapping characters and characters which have short connection between them. Motawa 
et al. (Motawa, Amin et al. 1997) introduced an algorithm for segmenting Arabic words into 
characters by applying mathematical morphological techniques. Several pre-processing 
tasks were performed on the input images including binarization, slant correction and 
connected components construction. The slant correction process detected the slope first 
using a single erosion operation before correcting it. Finally, connected components were 
found and contours applied to extract sub-words and the complementary characters. The 
segmentation algorithm performed first a filtering operation for noise removal. This was 
done by two successive morphological operations (closing followed by opening). Second, 
singularities were found by applying opening to the word image. Third, regularities were 
found by subtracting the singularities from the original image. For the recognition process, 
hidden Markov models (HMMs) were used to test the algorithm on a few hundred words 
resulting in a good recognition rate of 81.88%. Abuhaiba et al. {Abuhaiba, 1996 #62} dealt 
with several problems in the processing of binary images of handwritten text documents. 
First, applying the distance transform to the thinned image, they created an algorithm which 
extracts the straight line of a textual stroke. The goal of this method is to identify the 
spurious points from the thinned images. The extracted straight lines keep the structural 
information of the original pattern. Second, a threshold is calculated in order to remove 
outlying pixels whose distance exceeds the threshold. Finally, a method is developed to 
extract lines from pages of handwritten text by finding the shortest spanning tree of a graph 
formed from the set of main strokes. Then main strokes of extracted lines are arranged in an 
order similar to their written order by following the path in which they are contained. Then, 
every secondary stroke is assigned to the closest main stroke. By the end, a list of main 
strokes with their relevant secondary strokes is achieved resulting in a combination of main-
secondary strokes. Each element in the list can be the input to the classifier. Their method 
proved to be powerful and suitable for variable handwriting. Al-Badr and Hararlick (Al-
Badr and Haralick 1995) introduced a holistic recognition system which recognizes Machine 
printed Arabic word without segmentation. Their system is based on describing the shape 
primitives as symbols. The instances of the predefined shape primitives are detected by 
applying the erosion operation on the word image. The system locates the best spatial 
arrangement of symbol models by applying a state space search. The detected primitives are 
matched with symbol models. The system was tested on a lexicon of 42000words, and the 
recognition rate achieved was 99.4% on noise free text and 73% for scanned text. 
Alma'adeed et al. {Alma'adeed, 2002 #84} introduced a system for classifying Arabic 

 

 

handwritten words based on HMM. First, the word images were normalized by removing 
variations which did not affect the identity of the word. The normalization included stroke 
width, slope, and the letter height yielding a uniform height of one pixel wide stroke. 
Second, the skeleton of the image was constructed, and 29 features extracted. Finally, a 
classification process based on the HMM was used. Since there was no standard Arabic 
database, this system was tested on a special database (Al-Ma'adeed, Elliman et al. 2002) of 
4700 handwritten words written by 100 writers. The recognition rate achieved was 45% 
because some words conflict with each other.  
Alma'adeed et al. {Alma'adeed, 2004 #85} introduced a system for unconstrained Arabic 
handwritten word recognition based on multiple HMMs. First, pre-processing tasks were 
performed similar to the work in {Alma'adeed, 2002 #84}. In order to improve the 
recognition rate in {Alma'adeed, 2002 #84}, global features, such as numbers of upper dots, 
numbers of lower dots, and the numbers of segments, ascenders and descenders, were used 
to differentiate the words from each other. By using these features and the multiple HMM, 
in which each HMM used a different set of features the system removes all the variation in 
the images. Second, the skeleton of the image was performed, and 29 features were 
extracted. Finally, a classification process based on the HMM was used. This system was 
tested on a database (Al-Ma'adeed, Elliman et al. 2002) of 100 handwritten words written by 
1000 writers. The recognition rate achieved was 60% before using post processing. The 
codebook size was chosen after testing and selected different words for each group. There 
were eight groups where the first group had 90 words, second had 100 words, the third had 
80 words, the fourth had 90 words, and eighth had 120 words. The recognition rate was 
different for each group. The first group had a 97% recognition rate, while the eighth group 
had only 60% recognition rate. Alma'adeed (Alma'adeed 2006) introduced a system for 
unconstrained Arabic handwritten word recognition using a neural network classifier (NN). 
This system used the pre-processing and features in {Alma'adeed, 2002 #84; Alma'adeed, 
2004 #85}. The NN had 8 neurons for the input layer, 40 neurons for the middle layer, and 
the output layer had 70 neurons since the NN classifier used 70 different words. The 
accuracy achieved was 63%. 
Khorsheed and Clocksin (Khorsheed and Clocksin 1999) presented a technique for 
extracting the structural features from Arabic cursive text. Several pre-processing tasks were 
performed including: thinning based on Stentiford’s algorithm (Parker 1997) and skeleton 
centroid calculation to find a reference point relative to all segment locations. The features 
were extracted in three steps. First, segment extraction was done using the skeleton graph of 
the word image which consists of a number of segments. There are feature points where a 
segment starts and ends. Second, loop extraction in which the loops are divided into three 
categories: a simple loop, a complex loop, and a double loop. The loops are checked during 
the segment extraction. Third, segment transformation is done after extracting the segment 
and the loops. The Viterbi algorithm {Rabiner, 1986 #88} is used to form a codebook by 
portioning the training samples into several classes, and the codebook includes 76 symbols. 
The technique was tested with a lexicon of 294 words acquired from a different text sources 
by using the HMM, and recognition rates of up to 97% were achieved.  
Khorsheed and Clocksin (Khorsheed and Clocksin 2000) presented a holistic recognition 
system for recognizing Arabic cursive words. First, Fourier coefficients are extracted from a 
word image after converting it into a normalized polar image. Using the average coefficient 
values for sample training, each word was represented by template form. The recognition 

Interactive Knowledge Discovery for Baseline  
Estimation and Word Segmentation in Handwritten Arabic Text 623 

 

2. Previous work  

Amin and Alsadoun (Amin and Al-Sadoun 1992) proposed a new technique for segmenting 
hand printed Arabic text using binary trees and a parallel thinning algorithm  
{Guo, 1989 #72} for producing the skeleton of the image. They traced the thinned image 
from right to left using a 33 window and recorded the structure of the traced parts. They 
used the Freeman code {Freeman, 1961 #73} to describe the primitives. A binary tree 
consisting of several nodes is constructed using specified rules. Each node is used to 
describe the shape part of a connected component. After construction of the binary tree, 
smoothing is done in order to minimize the number of nodes, minimize the Freeman code 
string, and to minimize any noise in the thinned image. Finally, they implemented 
segmentation by dividing the binary tree into several sub-trees in which each sub-tree 
represents a character. Advantages of their proposed technique are the abilities to segment 
overlapping characters and characters which have short connection between them. Motawa 
et al. (Motawa, Amin et al. 1997) introduced an algorithm for segmenting Arabic words into 
characters by applying mathematical morphological techniques. Several pre-processing 
tasks were performed on the input images including binarization, slant correction and 
connected components construction. The slant correction process detected the slope first 
using a single erosion operation before correcting it. Finally, connected components were 
found and contours applied to extract sub-words and the complementary characters. The 
segmentation algorithm performed first a filtering operation for noise removal. This was 
done by two successive morphological operations (closing followed by opening). Second, 
singularities were found by applying opening to the word image. Third, regularities were 
found by subtracting the singularities from the original image. For the recognition process, 
hidden Markov models (HMMs) were used to test the algorithm on a few hundred words 
resulting in a good recognition rate of 81.88%. Abuhaiba et al. {Abuhaiba, 1996 #62} dealt 
with several problems in the processing of binary images of handwritten text documents. 
First, applying the distance transform to the thinned image, they created an algorithm which 
extracts the straight line of a textual stroke. The goal of this method is to identify the 
spurious points from the thinned images. The extracted straight lines keep the structural 
information of the original pattern. Second, a threshold is calculated in order to remove 
outlying pixels whose distance exceeds the threshold. Finally, a method is developed to 
extract lines from pages of handwritten text by finding the shortest spanning tree of a graph 
formed from the set of main strokes. Then main strokes of extracted lines are arranged in an 
order similar to their written order by following the path in which they are contained. Then, 
every secondary stroke is assigned to the closest main stroke. By the end, a list of main 
strokes with their relevant secondary strokes is achieved resulting in a combination of main-
secondary strokes. Each element in the list can be the input to the classifier. Their method 
proved to be powerful and suitable for variable handwriting. Al-Badr and Hararlick (Al-
Badr and Haralick 1995) introduced a holistic recognition system which recognizes Machine 
printed Arabic word without segmentation. Their system is based on describing the shape 
primitives as symbols. The instances of the predefined shape primitives are detected by 
applying the erosion operation on the word image. The system locates the best spatial 
arrangement of symbol models by applying a state space search. The detected primitives are 
matched with symbol models. The system was tested on a lexicon of 42000words, and the 
recognition rate achieved was 99.4% on noise free text and 73% for scanned text. 
Alma'adeed et al. {Alma'adeed, 2002 #84} introduced a system for classifying Arabic 

 

 

handwritten words based on HMM. First, the word images were normalized by removing 
variations which did not affect the identity of the word. The normalization included stroke 
width, slope, and the letter height yielding a uniform height of one pixel wide stroke. 
Second, the skeleton of the image was constructed, and 29 features extracted. Finally, a 
classification process based on the HMM was used. Since there was no standard Arabic 
database, this system was tested on a special database (Al-Ma'adeed, Elliman et al. 2002) of 
4700 handwritten words written by 100 writers. The recognition rate achieved was 45% 
because some words conflict with each other.  
Alma'adeed et al. {Alma'adeed, 2004 #85} introduced a system for unconstrained Arabic 
handwritten word recognition based on multiple HMMs. First, pre-processing tasks were 
performed similar to the work in {Alma'adeed, 2002 #84}. In order to improve the 
recognition rate in {Alma'adeed, 2002 #84}, global features, such as numbers of upper dots, 
numbers of lower dots, and the numbers of segments, ascenders and descenders, were used 
to differentiate the words from each other. By using these features and the multiple HMM, 
in which each HMM used a different set of features the system removes all the variation in 
the images. Second, the skeleton of the image was performed, and 29 features were 
extracted. Finally, a classification process based on the HMM was used. This system was 
tested on a database (Al-Ma'adeed, Elliman et al. 2002) of 100 handwritten words written by 
1000 writers. The recognition rate achieved was 60% before using post processing. The 
codebook size was chosen after testing and selected different words for each group. There 
were eight groups where the first group had 90 words, second had 100 words, the third had 
80 words, the fourth had 90 words, and eighth had 120 words. The recognition rate was 
different for each group. The first group had a 97% recognition rate, while the eighth group 
had only 60% recognition rate. Alma'adeed (Alma'adeed 2006) introduced a system for 
unconstrained Arabic handwritten word recognition using a neural network classifier (NN). 
This system used the pre-processing and features in {Alma'adeed, 2002 #84; Alma'adeed, 
2004 #85}. The NN had 8 neurons for the input layer, 40 neurons for the middle layer, and 
the output layer had 70 neurons since the NN classifier used 70 different words. The 
accuracy achieved was 63%. 
Khorsheed and Clocksin (Khorsheed and Clocksin 1999) presented a technique for 
extracting the structural features from Arabic cursive text. Several pre-processing tasks were 
performed including: thinning based on Stentiford’s algorithm (Parker 1997) and skeleton 
centroid calculation to find a reference point relative to all segment locations. The features 
were extracted in three steps. First, segment extraction was done using the skeleton graph of 
the word image which consists of a number of segments. There are feature points where a 
segment starts and ends. Second, loop extraction in which the loops are divided into three 
categories: a simple loop, a complex loop, and a double loop. The loops are checked during 
the segment extraction. Third, segment transformation is done after extracting the segment 
and the loops. The Viterbi algorithm {Rabiner, 1986 #88} is used to form a codebook by 
portioning the training samples into several classes, and the codebook includes 76 symbols. 
The technique was tested with a lexicon of 294 words acquired from a different text sources 
by using the HMM, and recognition rates of up to 97% were achieved.  
Khorsheed and Clocksin (Khorsheed and Clocksin 2000) presented a holistic recognition 
system for recognizing Arabic cursive words. First, Fourier coefficients are extracted from a 
word image after converting it into a normalized polar image. Using the average coefficient 
values for sample training, each word was represented by template form. The recognition 
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was done by using word template with Euclidean distance and assigning the unknown 
word to the closest word template. The recognition rate achieved was over 90%. However, 
this system fails for many fonts. Khorsheed (Khorsheed 2003) presented another holistic 
recognition system for recognizing Arabic handwritten words. Pre-processing tasks 
performed included using the Zhang-Suen thinning algorithm {Zhang, 1984 #91} to generate 
the skeleton graph. Structural features for the handwritten script were extracted after 
skeletonization by decomposing the word skeleton into a sequence of links with an order 
similar to the word writing order. Using the line approximation (Parker 1997), each line was 
broken into small line segments, which were transferred into a sequence of discrete symbols 
by using vector quantization (VQ) {Gray, 1989 #92}. With this system, the HMM recognizer 
was applied with image skeletonization to the recognition of an old Arabic  manuscript 
which can be found in (Khorsheed 2000). One HMM was performed from 32 character 
HMMs, each with no restriction jump margin. The system was tested on 405 character 
samples of a single font extracted from a single manuscript. The recognition rates achieved 
were 87% and 72% with and without spell checking respectively. Khorsheed (Khorsheed 
2007) presented a recognition system based on the HMM to recognize Arabic text. Pre-
processing was performed, using a slow median filter, to reduce salt and pepper noise. 
Statistical features were extracted from text image and fed to the recognizer. The recognizer 
was built on the HMM toolkit (HTK) (Young, Evermann et al. 2001). The advantage of this 
system is the lexicon free approach which offers open vocabulary recognition. The system 
was able to learn complicated ligatures and overlaps. Different text images with different 
fonts were tested, and the recognition rate achieved was up to 92.4%. A tri-model 
implementation showed a better system performance than a mono-model implementation.  
In comparison with existing work, our proposed methods illustrate significant advantages, 
which can be highlighted as: (i) by using the knowledge of potential positions of the base 
line, an improved projection based method is employed for baseline detection; (ii) statistical 
analysis distribution of the word and sub-words distances is obtained to determine an 
optimal threshold for word segmentation; (iii) a component-based method for word 
segmentation is used to provide a practical way in accurately segmenting words from the 
text line instead of segmenting the words into characters, and  using the segmentation free 
systems.  

 
3. Proposed Methods 

3.1 Baseline Detection 
Previous work on baseline detection can be summarized as follows. Pechwitz and Margner  
(Pechwitz and Margner 2002) approximated the skeleton by a piecewise linear curve and 
detected the baseline as the line that best fits the edges. Farooq et al. (Farooq, Venu et al. 
2005) used the IFN/ENIT database and entries into documents in order to simulate skew, 
line separation, and other features. Their method is based on the local minima points of 
words. Their method generally works well but fails to find the baseline in situations where 
the diacritics are large relative to the word. The removal of diacritics is suggested as a 
potential solution. Al-Rashaidehn {Al-Rashaideh, 2006 #110} found the baseline based on 
the assumptions that the baseline is rotated horizontally within a range of angles between 
+20 to -20 and keeping in mind that the maximum number of pixels is located along the 
baseline. M. Syiam et al. (Syiam, Nazmy et al. 2006) presented a complete Arabic OCR 

 

 

system which uses a histogram clustering method for segmenting the Arabic word. In the 
present research, the baseline is detected by using a horizontal projection of input images. 
This is defined as the sum of foreground pixels perpendicular to the x axis and is 
represented by the vector H(y) of size M. Let ( , ) | [1, ], [1, ]p x y x M y N   denote one input 
image, its horizontal projection is defined as follows: 
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Where ( )H y  denotes number of effective pixels when p is a binary image. Normally, the 
position of the baseline is indicated by a peak in ( )H y . For most the cases, this simple rule 
works in determining the baseline. However, it fails in some cases as illustrated in Figure 2 
where the global peak in ( )H y is not the baseline. To solve this problem, we apply  
 

 

 
 

Fig. 2. An example showing failure of baseline detection when using the peak of the 
horizontal projection of the image 
 
knowledge based constraints. We know that the baseline should appear below the middle 
line of the image. Therefore, we modify the algorithm to find the peak in ( )H y  only in the 
bottom half of the images, i.e.  
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With the modification applied, the corresponding baseline is successfully located as shown 
in Figure 3 
 

 

 
 

Fig. 3. Detected baseline from the image in Figure 2 using the knowledge-based modified 
algorithm 

 
3.2 Extracting connected components and sub-words  
Segmentation is an essential step which separates the text image objects for the recognition 
phase. The typical segmentation of a binary document is based on the histogram projection 
analysis and regrouping of the connected components {Amin, 1998 #20; Lorigo, 2006 #2}. 
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was done by using word template with Euclidean distance and assigning the unknown 
word to the closest word template. The recognition rate achieved was over 90%. However, 
this system fails for many fonts. Khorsheed (Khorsheed 2003) presented another holistic 
recognition system for recognizing Arabic handwritten words. Pre-processing tasks 
performed included using the Zhang-Suen thinning algorithm {Zhang, 1984 #91} to generate 
the skeleton graph. Structural features for the handwritten script were extracted after 
skeletonization by decomposing the word skeleton into a sequence of links with an order 
similar to the word writing order. Using the line approximation (Parker 1997), each line was 
broken into small line segments, which were transferred into a sequence of discrete symbols 
by using vector quantization (VQ) {Gray, 1989 #92}. With this system, the HMM recognizer 
was applied with image skeletonization to the recognition of an old Arabic  manuscript 
which can be found in (Khorsheed 2000). One HMM was performed from 32 character 
HMMs, each with no restriction jump margin. The system was tested on 405 character 
samples of a single font extracted from a single manuscript. The recognition rates achieved 
were 87% and 72% with and without spell checking respectively. Khorsheed (Khorsheed 
2007) presented a recognition system based on the HMM to recognize Arabic text. Pre-
processing was performed, using a slow median filter, to reduce salt and pepper noise. 
Statistical features were extracted from text image and fed to the recognizer. The recognizer 
was built on the HMM toolkit (HTK) (Young, Evermann et al. 2001). The advantage of this 
system is the lexicon free approach which offers open vocabulary recognition. The system 
was able to learn complicated ligatures and overlaps. Different text images with different 
fonts were tested, and the recognition rate achieved was up to 92.4%. A tri-model 
implementation showed a better system performance than a mono-model implementation.  
In comparison with existing work, our proposed methods illustrate significant advantages, 
which can be highlighted as: (i) by using the knowledge of potential positions of the base 
line, an improved projection based method is employed for baseline detection; (ii) statistical 
analysis distribution of the word and sub-words distances is obtained to determine an 
optimal threshold for word segmentation; (iii) a component-based method for word 
segmentation is used to provide a practical way in accurately segmenting words from the 
text line instead of segmenting the words into characters, and  using the segmentation free 
systems.  
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(Pechwitz and Margner 2002) approximated the skeleton by a piecewise linear curve and 
detected the baseline as the line that best fits the edges. Farooq et al. (Farooq, Venu et al. 
2005) used the IFN/ENIT database and entries into documents in order to simulate skew, 
line separation, and other features. Their method is based on the local minima points of 
words. Their method generally works well but fails to find the baseline in situations where 
the diacritics are large relative to the word. The removal of diacritics is suggested as a 
potential solution. Al-Rashaidehn {Al-Rashaideh, 2006 #110} found the baseline based on 
the assumptions that the baseline is rotated horizontally within a range of angles between 
+20 to -20 and keeping in mind that the maximum number of pixels is located along the 
baseline. M. Syiam et al. (Syiam, Nazmy et al. 2006) presented a complete Arabic OCR 

 

 

system which uses a histogram clustering method for segmenting the Arabic word. In the 
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Where ( )H y  denotes number of effective pixels when p is a binary image. Normally, the 
position of the baseline is indicated by a peak in ( )H y . For most the cases, this simple rule 
works in determining the baseline. However, it fails in some cases as illustrated in Figure 2 
where the global peak in ( )H y is not the baseline. To solve this problem, we apply  
 

 

 
 

Fig. 2. An example showing failure of baseline detection when using the peak of the 
horizontal projection of the image 
 
knowledge based constraints. We know that the baseline should appear below the middle 
line of the image. Therefore, we modify the algorithm to find the peak in ( )H y  only in the 
bottom half of the images, i.e.  
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With the modification applied, the corresponding baseline is successfully located as shown 
in Figure 3 
 

 

 
 

Fig. 3. Detected baseline from the image in Figure 2 using the knowledge-based modified 
algorithm 

 
3.2 Extracting connected components and sub-words  
Segmentation is an essential step which separates the text image objects for the recognition 
phase. The typical segmentation of a binary document is based on the histogram projection 
analysis and regrouping of the connected components {Amin, 1998 #20; Lorigo, 2006 #2}. 
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was done by using word template with Euclidean distance and assigning the unknown 
word to the closest word template. The recognition rate achieved was over 90%. However, 
this system fails for many fonts. Khorsheed (Khorsheed 2003) presented another holistic 
recognition system for recognizing Arabic handwritten words. Pre-processing tasks 
performed included using the Zhang-Suen thinning algorithm {Zhang, 1984 #91} to generate 
the skeleton graph. Structural features for the handwritten script were extracted after 
skeletonization by decomposing the word skeleton into a sequence of links with an order 
similar to the word writing order. Using the line approximation (Parker 1997), each line was 
broken into small line segments, which were transferred into a sequence of discrete symbols 
by using vector quantization (VQ) {Gray, 1989 #92}. With this system, the HMM recognizer 
was applied with image skeletonization to the recognition of an old Arabic  manuscript 
which can be found in (Khorsheed 2000). One HMM was performed from 32 character 
HMMs, each with no restriction jump margin. The system was tested on 405 character 
samples of a single font extracted from a single manuscript. The recognition rates achieved 
were 87% and 72% with and without spell checking respectively. Khorsheed (Khorsheed 
2007) presented a recognition system based on the HMM to recognize Arabic text. Pre-
processing was performed, using a slow median filter, to reduce salt and pepper noise. 
Statistical features were extracted from text image and fed to the recognizer. The recognizer 
was built on the HMM toolkit (HTK) (Young, Evermann et al. 2001). The advantage of this 
system is the lexicon free approach which offers open vocabulary recognition. The system 
was able to learn complicated ligatures and overlaps. Different text images with different 
fonts were tested, and the recognition rate achieved was up to 92.4%. A tri-model 
implementation showed a better system performance than a mono-model implementation.  
In comparison with existing work, our proposed methods illustrate significant advantages, 
which can be highlighted as: (i) by using the knowledge of potential positions of the base 
line, an improved projection based method is employed for baseline detection; (ii) statistical 
analysis distribution of the word and sub-words distances is obtained to determine an 
optimal threshold for word segmentation; (iii) a component-based method for word 
segmentation is used to provide a practical way in accurately segmenting words from the 
text line instead of segmenting the words into characters, and  using the segmentation free 
systems.  
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3.2 Extracting connected components and sub-words  
Segmentation is an essential step which separates the text image objects for the recognition 
phase. The typical segmentation of a binary document is based on the histogram projection 
analysis and regrouping of the connected components {Amin, 1998 #20; Lorigo, 2006 #2}. 
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Arabic writing is cursive such that words are separated by spaces. However, a word may 
contain several sub-words which are portions of the word including one or more connected 
letters. The connected components (CCs) for the line image must be determined. Each CC is 
enclosed in a minimum sized rectangular box. The objective of the CCs phase is to form 
rectangles around all the connected objects in the image. The algorithm used to obtain the 
CCs is an iterative procedure which checks any black pixels for connectivity with another. 
Bounding rectangles are extended to enclose any grouping of connected black pixels. 
 
In our systems, the 8 – neighbours are used for extracting the connecting components by 
scanning the image pixel by pixel checking for pixel connectivity. In order for two pixels or 
more to be considered connected, the pixel values are in the same set V, V={1}. The 8 – 
neighbours are defined by 
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Where N4(p)= { (x+1,y), (x-1,y), (x,y+1), (x,y-1)} and 
 

ND(p) = { x+1,y+1), (x+1,y-1), (x-1,y+1), (x-1,y-1)} 
 
Figure 4(a) shows the identified CCs for some example images. Starting from extracted 
connect components, sub-words are segmented as follows. Firstly, small parts like dots in 
the image are temporally ignored as shown in Figure 4(b). Secondly, components whose 
coordinates overlap in the x direction are merged to produce a combined large component, 
namely sub-word. Thirdly, the distance of each pair of consecutive sub-words is obtained, 
which is used to segment words in the next section 
 

 

Fig. 4. Examples of extracted connected components (a), sub-words of combined 
components (b), and detected words (c). 

 

 

3.3 Extracting connected components and sub-words 
Basically, there are two categories of systems for the recognition of Arabic scripts: character-
based and word-based systems. In the first category, words need to be further segmented 
into characters or letters and these characters are then used for recognition. The second 
category does not need such segmentation and whole words are used for recognition. In 
both categories, segmentation of words from the text is necessary. 
Several algorithms have been presented for the segmentation of Latin cursive script. 
However, Arabic script segmentation has not received as much attention. In 1992, Amin and 
Al-Sadoun (Amin and Al-Sadoun 1992) proposed a segmentation technique for Arabic text 
using the binary tree. In 1995, AlBader and haralick (Al-Badr and Haralick 1995) presented a 
system which recognizes a machine printed  Arabic word without prior segmentation. In 
1997, Motawa et al (Motawa, Amin et al. 1997) presented an automatic segmentation of 
Arabic words using Mathematical Morphology tools. They applied their algorithm based on 
the assumptions that characters are usually connected by horizontal lines. In 2005, Lorigo 
and Govindaraju (Lorigo and Govindaraju 2005) presented a segmentation system which 
used derivative information in a region around the baseline to over segment the words.  
Segmenting a line of text into words is known as word separation. In the machine printed 
case, word separation is easier than in the handwriting case because the space between 
words is uniform, and larger than the space between sub-words. In handwriting case, the 
space between words is not always uniform and moreover, the same amount of space may 
be present between the words and sub-words on a line.  
In our system, each image is segmented into words using vertical histograms. Words have 
varying length; therefore after taking the vertical histogram as shown in Figure 5, the line 
can be classified into words and sub-words depending on distances between groups of 
peaks along the x axis.  
 

 

Fig. 5. Vertical Histogram 
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The vertical projection defined as the sum of foreground pixels perpendicular to the y axis; 
this is represented by the vector vj of size N defined by  
 

( ) ( , )
j

v j p i j  
 

(4) 

 

where p(i, j) is a pixel of the binary image of the script and is either 0 or 1, i refers to rows 
and j refers to columns.  
 
Arabic writing is cursive; therefore, words and sub-words are separated by spaces, so word 
boundaries are always represented by a space. However, six letters can be connected from 
the right side only. Using this knowledge and the vertical histogram, spaces can be detected 
by calculating the zero distance (gaps) on the x axis as shown in Figure 5. The distances 
between words are generally larger than the distances between sub-words. This distance is 
used to decide the number of word(s) in the image based on a threshold. 
To determine a suitable threshold, the Bayesian criterion, of minimum classification error, is 
employed as follows. Given a distance d , the probabilities that represent separation of 
words or sub-words are denoted as ( )wp d  and ( )s wp d , respectively. These two conditional 
probabilities were obtained by manually analyzing over 100 images containing more than 
250 words. Taking ( )wp d  for example, we found all possible distances separating a word, 
calculated their histogram and estimated ( )wp d  from this histogram. Illustrations of both 

( )wp d  and ( )s wp d are given in Figure 6. 
 

                                  

Fig. 6. Illustrations of ( )wp d (green dotted line) and ( )s wp d  (red solid line). 
 
Finally, an optimal distance 0d  is obtained under the Bayesian minimum classification error 
criteria: 
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The segmentation of words is completed by simply comparing the distance d  with this 
optimal distance or threshold 0d . The case 0d d , identifies two words and the alternative 
case identifies two sub-words.  
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4. Experimental Results and Discussions 
 

Text recognition systems can be classified into two areas, printed text or handwritten text. 
Printed texts have similar shapes if printed many times using different devices, however, 
due to different writer styles, handwritten texts have high variability. The main goal of a 
handwriting recognition system is to determine the class of the character or word. It is a 
more difficult task to design a recognition system which can recognize the handwriting of 
many people instead of just the handwriting of a single writer. Also, in order to evaluate 
handwriting recognition systems, the accuracy and the speed have to be measured and 
compared to those of an average of human reader. In the literature, some recognition 
systems were reported with high recognition rates. This is generally due to their testing data 
which consisted of a small set of words written by few writers, rather than a standard 
database. Any recognition system needs a large database to train and test the system. Real 
data from banks or the post code are confidential and inaccessible for non commercial 
research. Although some work has been conducted on Arabic handwritten words, this 
generally used the authors’ own small databases or databases which were unavailable to the 
public. Most recognition systems have been developed for certain applications such as the 
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of the IFN/ENIT database to make cropped binary images of the names of towns and 
villages available. 
Corresponding to the test data sets as described above, we design two phases of 
experiments to evaluate the proposed algorithms, which include: Phase-1: experiments to 
evaluate performances of baseline estimation; and Phase-2: experiments to evaluate 
performances of connected component analysis and the performances of word 
segmentation;  
In phase-1, our experiments focus on the baseline estimation. Due to the fact that the 
baseline is a part of the ground truth of the IFN/ENIT database, so it is possible to evaluate 
the baseline. Figure 7 shows the phase-1 experimental results on baseline estimation, from 
which it can be seen that the proposed algorithm worked well when applied to 4000 images 
using the four different sets (the first 1000 image form sets a,b,c,and d was selected). The 
results for baseline estimation reach 97.675% of accuracy, which makes the proposed 
algorithm more effective in estimating a word baseline. Table 2 summarizes the 
experimental results for the baseline estimation proposed algorithm.  
 

Set a b c d average 
Percentage (%) 97.4 97.8 97.9 97.6 97.675 

Table 2. Performance of the baseline estimation algorithm 
 
In comparison with the existing work, our baseline algorithm performs better in estimating 
the baseline. Table 3 summarizes the results of our algorithm compared to the results of 
existing work.  
 

Method Hough 
Projection [31] 

Skeleton Based [31] Proposed Algorithm   

Percentage (%) 88 88 88.9 
Table 3. Performance of proposed algorithm vs. other methods 
 
In general, calculating the baseline error is used to estimate the baseline quality. The error is 
calculated as the area between the ground truth baseline and the estimated baseline in 
pixels. Figure 8, shows an example of calculating the baseline error, while Figure 9 shows 
the relation between the estimated baseline and the ground truth baseline. 
 

 

 

Fig. 7. Example baseline estimation results 

 

 

  
 

 

Fig. 8. Baseline error  
 

 

 

Fig. 9. The relation between the estimated and the ground truth baseline   
 
To complete phase-2 experiments, vertical histogram and connected component analysis are 
carried out for word segmentation. Word segmentation approaches are based on the 
assumption that the text lines are straight. This works well for machine printed documents, 
but it fails on the handwritten documents having curvilinear text lines. Here, the distances 
between sub-words are measured and compared to an optimal threshold to determine if the 
distance corresponds to separation of two words or not. The segmentation algorithm 
searches for horizontal gaps between the connected components on a pre-estimated 
threshold. In comparison with the existing work, our word segmentation algorithm 
illustrates significant advantage, which can be highlighted as: in the case of miss-spaced 
words, where the algorithm failed to determine bounding boxes, spaces were automatically 
adjusted not adjusted manually using graphical tools.  
In general, there are several types of error that occur during the process of segmentation 
whatever the approach used. These errors can be summarized as: 

1) Over segmentation, when the number of segments is greater than the actual 
number.  

2) Under segmentation when the number of segments is less than the actual number.  
3) Misplaced segmentation when the number of segments is right but the limits are 

wrong.  
We have tested our techniques on a test set of 500 images and the results are compared to 
the ground truth based on the grouping of the bounding boxes into words. Table 4 
summarizes the word segmentation results; some of the results are presented in Figure 10.  
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distance corresponds to separation of two words or not. The segmentation algorithm 
searches for horizontal gaps between the connected components on a pre-estimated 
threshold. In comparison with the existing work, our word segmentation algorithm 
illustrates significant advantage, which can be highlighted as: in the case of miss-spaced 
words, where the algorithm failed to determine bounding boxes, spaces were automatically 
adjusted not adjusted manually using graphical tools.  
In general, there are several types of error that occur during the process of segmentation 
whatever the approach used. These errors can be summarized as: 

1) Over segmentation, when the number of segments is greater than the actual 
number.  

2) Under segmentation when the number of segments is less than the actual number.  
3) Misplaced segmentation when the number of segments is right but the limits are 

wrong.  
We have tested our techniques on a test set of 500 images and the results are compared to 
the ground truth based on the grouping of the bounding boxes into words. Table 4 
summarizes the word segmentation results; some of the results are presented in Figure 10.  



Recent Advances in Technologies632  

 

From Table 4 we can see that the correct segmentation rate achieved for images is 85%. The 
segmentation error of 15% is due to the variations in handwriting, especially irregular 
spaces between sub-words and words, such as too small spaces between words (which will 
lead under segmentation by incorrectly merging two words together) or too large spaces 
between sub-words (which may be wrongly taken as two words and lead to over-
segmentation). Examples of these errors are illustrated in Figure 11.  
In comparison with the existing work, it is difficult to compare our work to [35] since they 
have used some other criteria and they have chosen 200 images. They did not mention 
which 200 images of the database which make our algorithm can not be implemented to the 
same data. Moreover, in the case of miss-spaced words, where the algorithm failed to 
determine the bounding boxes, our algorithm perform better since it reduces the numbers of 
such errors. The distance between words and sub-words were automatically normalized by 
using knowledge of the Arabic language not adjusted manually using the graphical tools, in 
which the word case can be determined. For example, the word in Figure 11 (a) was over 
segmented, but after distance normalization the word image is now segmented correctly as 
shown in Figure 12.  
In addition, the rules of Arabic Language writing can be exploited and applied to the 
distance normalization. The original image is scanned from right to left column by column, 
and the white (blank) columns are detected and adjusted in size in order to reduce the 
distances between sub-words as Illustration of distance normalization is given in Figure 12 
show. After applying the distance normalization, the Arabic words are correctly segmented. 
Since each handwritten image has Ground Truth (GT) information for evaluation purposes, 
the results are compared with the IFN/ENIT GT information.  
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5. Conclusion 

Arabic handwriting recognition depends on accurate pre-processing and segmentation. This 
chapter proposes a robust method for baseline estimation and a statistical analysis to 
determine an optimal threshold for word segmentation. By using knowledge of potential 
positions of the baseline, more accurate results are obtained in comparison with those 
without knowledge support. In addition, the optimal threshold obtained is found to be very 
effective for robustly segmenting words in Arabic text.  
A component-based method is introduced to segment words from handwritten Arabic texts. 
Since many people have emphasized either segment-free based methods or letter or stroke 
based approaches, words segmentation has not be well addressed. Here, our work provides 
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a practical way of accurately segmenting words from the text. This is useful and more 
flexible than segment-free based approaches as it can make good use the component parts of 
images in further recognition. Also, this approach is simpler and more robust than letter-
based methods because the letter has much difficulty in effectively segmenting arbitrary 
handwritten characters. We have found that distance information is very useful for 
segmenting words, but improvements are still desirable. A distance normalization technique 
making use of knowledge of the language was applied to reduce the numbers of over and 
under segmentation errors. Further investigations will aim to further improve word 
segmentation by using language knowledge for validation. 
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a practical way of accurately segmenting words from the text. This is useful and more 
flexible than segment-free based approaches as it can make good use the component parts of 
images in further recognition. Also, this approach is simpler and more robust than letter-
based methods because the letter has much difficulty in effectively segmenting arbitrary 
handwritten characters. We have found that distance information is very useful for 
segmenting words, but improvements are still desirable. A distance normalization technique 
making use of knowledge of the language was applied to reduce the numbers of over and 
under segmentation errors. Further investigations will aim to further improve word 
segmentation by using language knowledge for validation. 
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