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Plenary Lecture 1 
 

Floating Offshore Wind Turbines: The Technologies and the Economics 
 

 
 

Prof. Paul D. Sclavounos 
Professor of Mehanical Engineering and Naval Architecture 

Massachusetts Institute of Technology (MIT) 
77 Massachusetts Avenue 

Cambridge MA 02139-4307 
USA 

E-mail: pauls@mit.edu 
 

Abstract: Wind is a vast, renewable and clean energy source that stands to be a key contributor 
to the world energy mix in the coming decades. The horizontal axis three-bladed wind turbine is 
a mature technology and onshore wind farms are cost competitive with coal fired power plants 
equipped with carbon sequestration technologies and in many parts of the world with natural 
gas fired power plants. 
Offshore wind energy is the next frontier. Vast sea areas with higher and steadier wind speeds 
are available for the development of offshore wind farms that offer several advantages. Visual, 
noise and flicker impacts are mitigated when the wind turbines are sited at a distance from the 
coastline. A new generation of 6-10MW wind turbines with diameters exceeding 160m have 
been developed for the offshore environment. They can be fully assembled at a coastal facility 
and installed by a low cost float-out operation. Floater technologies are being developed for 
the support of multi-megawatt turbines in waters of moderate to large depth, drawing upon 
developments by the offshore oil & gas industry. 
The state of development of the offshore wind energy sector will be discussed. The floating 
offshore wind turbine technology will be reviewed drawing upon research carried out at MIT 
since the turn of the 21st century. Floating wind turbine installations worldwide and planned 
future developments will be presented. The economics of floating offshore wind farms will be 
addressed along with the investment metrics that must be met for the development of large 
scale floating offshore wind power plants. 
  
Brief Biography of the Speaker: Paul D. Sclavounos is Professor of Mechanical Engineering and 
Naval Architecture at the Massachusetts Institute of Technology. His research interests focus 
upon the marine hydrodynamics of ships, offshore platforms and floating wind turbines. The 
state-of-the-art computer programs SWAN and SML developed from his research have been 
widely adopted by the maritime, offshore oil & gas, and wind energy industries. His research 
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activities also include studies of the economics, valuation and risk management of assets in the 
crude oil, natural gas, shipping and wind energy sectors. He was the Georg Weinblum Memorial 
Lecturer in 2010-2011 and the Keynote Lecturer at the Offshore Mechanics and Arctic 
Engineering Conference in 2013. He is a member of the Board of the North American 
Committee of Det Norske Veritas since 1997, a member of the Advisory Committee of the US 
Navy Tempest program since 2006 and a member of the Advisory Board of the Norwegian 
Center for Offshore Wind Energy Technology since 2009. He has consulted widely for the US 
Government, shipping, offshore, yachting and energy industries. 
http://meche.mit.edu/people/?id=76 
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Keynote Lecture 2 
 

Detecting Critical Elements in Large Networks 
 

 
 

Professor Panos M. Pardalos 
Center for Applied Optimization (CAO) 

Department of Industrial and Systems Engineering, 
University of Florida, Gainesville, FL, USA. 

and 
Laboratory of Algorithms and Technologies for Networks Analysis (LATNA) 

National Research University, Higher School of Economics 
Moscow, Russia 

E-mail: p.m.pardalos@gmail.com 
 

Abstract: In network analysis, the problem of detecting subsets of elements important to the 
connectivity of a network (i.e., critical elements) has become a fundamental task over the last 
few years. Identifying the nodes, arcs, paths, clusters, cliques, etc., that are responsible for 
network cohesion can be crucial for studying many fundamental properties of a network. 
Depending on the context, finding these elements can help to analyze structural characteristics 
such as, attack tolerance, robustness, and vulnerability. Furthermore we can classify critical 
elements based on their centrality, prestige, reputation and can determine dominant clusters 
and partitions. 
From the point of view of robustness and vulnerability analysis, evaluating how well a network 
will perform under certain disruptive events plays a vital role in the design and operation of 
such a network. To detect vulnerability issues, it is of particular importance to analyze how well 
connected a network will remain after a disruptive event takes place, destroying or impairing a 
set of its elements. The main goal is to identify the set of critical elements that must be 
protected or reinforced in order to mitigate the negative impact that the absence of such 
elements may produce in the network. Applications are typically found in homeland security, 
energy grid, evacuation planning, immunization strategies, financial networks, biological 
networks, and transportation. 
From the member-classification perspective, identifying members with a high reputation and 
influential power within a social network could be of great importance when designing a 
marketing strategy. Positioning a product, spreading a rumor, or developing a campaign against 
drugs and alcohol abuse may have a great impact over society if the strategy is properly 
targeted among the most influential and recognized members of a community. The recent 
emergence of social networks such as Facebook, Twitter, LinkedIn, etc. provide countless 
applications for problems of critical-element detection. 
In addition, determining dominant cliques or clusters over different industries and markets via 
critical clique detection may be crucial in the analysis of market share concentrations and debt 
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concentrations, spotting possible collusive actions or even helping to prevent future economic 
crises. 
This presentation surveys some of the recent advances for solving these kinds of problems 
including heuristics, mathematical programming, dynamic programming, approximation 
algorithms, and simulation approaches. We also summarize some applications that can be 
found in the literature and present further motivation for the use of these methodologies for 
network analysis in a broader context. 
  
Brief Biography of the Speaker: Panos M. Pardalos serves as Distinguished Professor of 
Industrial and Systems Engineering at the University of Florida. He is also an affiliated faculty 
member of the Computer and Information Science Department, the Hellenic Studies Center, 
and the Biomedical Engineering Program. He is also the Director of the Center for Applied 
Optimization. Dr. Pardalos is a world leading expert in global and combinatorial optimization. 
His recent research interests include network design problems, optimization in 
telecommunications, e-commerce, data mining, biomedical applications, and massive 
computing. 
Full CV: http://www.ise.ufl.edu/pardalos/files/2011/08/CV_Dec13.pdf 
Recent Achievments: http://www.eng.ufl.edu/news/first-engineering-chair-appointed-under-
ufs-preeminence-initiative-goes-to-big-data-expert/ 
Profile in Scholar Google: scholar.google.com/scholar?q=P+Pardalos&btnG=&hl=en&as_sdt=0,5 
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Plenary Lecture 3 
 

Overview of the Main Metaheuristics used for the Optimization of Complex Systems 
 

 
 

Professor Pierre Borne 
Co-author: Mohamd Benrejeb 

Ecole Centrale de Lille 
France 

E-mail: pierre.borne@ec-lille.fr 
 

Abstract: For complex systems such as in planning and scheduling optimization, the complexity 
which corresponds usually to hard combinational optimization prevents the implementation of 
exact solving methodologies which could not give the optimal solution in finite time. It is the 
reason why engineers prefer to use metaheuristics which are able to produce good solutions in 
a reasonable computation time. Two types of metaheuristics are presented here: 
* The local searchs, such as: Tabu Search, Simulated Annealing, GRASP method, Hill Climbing, 
Tunnelling... 
* The global methods which look for a family of solutions such as: Genetic or Evolutionary 
Algorithms, Ant Colony Optimization, Particle Swarm Optimization, Bees algorithm, Firefly 
algorithm, Bat algorithm, Harmony search.... 
  
Brief Biography of the Speaker: Pierre BORNE received the Master degree of Physics in 1967 
and the Master of Electrical Engineering, the Master of Mechanics and the Master of Applied 
Mathematics in 1968. The same year he obtained the Diploma of "Ingénieur IDN" (French 
"Grande Ecole"). He obtained the PhD in Automatic Control of the University of Lille in 1970 and 
the DSc in physics of the same University in 1976. Dr BORNE is author or co-author of about 200 
Publications and book chapters and of about 300 communications in international conferences. 
He is author of 18 books in Automatic Control, co-author of an english-french, french-english « 
Systems and Control » dictionary and co-editor of the "Concise Encyclopedia of Modelling and 
Simulation" published with Pergamon Press. He is Editor of two book series in French and co-
editor of a book series in English. He has been invited speaker for 40 plenary lectures or 
tutorials in International Conferences. He has been supervisor of 76 PhD Thesis and member of 
the committee for about 300 doctoral thesis . He has participated to the editorial board of 20 
International Journals including the IEEE, SMC Transactions, and of the Concise Subject 
Encyclopedia . Dr BORNE has organized 15 international conferences and symposia, among 
them the 12th and the 17 th IMACS World Congresses in 1988 and 2005, the IEEE/SMC 
Conferences of 1993 (Le Touquet – France) and of 2002 (Hammamet - Tunisia) , the CESA 
IMACS/IEEE-SMC multiconferences of 1996 (Lille – France) , of 1998 (Hammamet – Tunisia) , of 
2003 (Lille-France ) and of 2006 (Beijing, China) and the 12th IFAC LSS symposium (Lille France, 
2010) He was chairman or co-chairman of the IPCs of 34 international conferences (IEEE, 
IMACS, IFAC) and member of the IPCs of more than 200 international conferences. He was the 
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editor of many volumes and CDROMs of proceedings of conferences. Dr BORNE has 
participated to the creation and development of two groups of research and two doctoral 
formations (in Casablanca, Morocco and in Tunis, Tunisia). twenty of his previous PhD students 
are now full Professors (in France, Morocco, Tunisia, and Poland). In the IEEE/SMC Society Dr 
BORNE has been AdCom member (1991-1993 ; 1996-1998), Vice President for membership 
(1992-1993) and Vice President for conferences and meetings (1994-1995, 1998-1999). He has 
been associate editor of the IEEE Transactions on Systems Man and Cybernetics (1992-2001). 
Founder of the SMC Technical committee « Mathematical Modelling » he has been president of 
this committee from 1993 to 1997 and has been president of the « System area » SMC 
committee from 1997 to 2000. He has been President of the SMC Society in 2000 and 2001, 
President of the SMC-nomination committee in 2002 and 2003 and President of the SMC-
Awards and Fellows committee in 2004 and 2005. He is member of the Advisory Board of the 
“IEEE Systems Journal” . Dr. Borne received in 1994, 1998 and 2002 Outstanding Awards from 
the IEEE/SMC Society and has been nominated IEEE Fellow the first of January 1996. He 
received the Norbert Wiener Award from IEEE/SMC in 1998, the Third Millennium Medal of 
IEEE in 2000 and the IEEE/SMC Joseph G. Wohl Outstanding Career Award in 2003. He has been 
vice president of the “IEEE France Section” (2002-2010) and is president of this section since 
2011. He has been appointed in 2007 representative of the Division 10 of IEEE for the Region 8 
Chapter Coordination sub-committee (2007-2008) He has been member of the IEEE Fellows 
Committee (2008- 2010) Dr BORNE has been IMACS Vice President (1988-1994). He has been 
co-chairman of the IMACS Technical Committee on "Robotics and Control Systems" from 1988 
to 2005 and in August 1997 he has been nominated Honorary Member of the IMACS Board of 
Directors. He is since 2008 vice-president of the IFAC technical committee on Large Scale 
Systems. Dr BORNE is Professor "de Classe Exceptionnelle" at the "Ecole Centrale de Lille" 
where he has been Head of Research from 1982 to 2005 and Head of the Automatic Control 
Department from 1982 to 2009. His activities concern automatic control and robust control 
including implementation of soft computing techniques and applications to large scale and 
manufacturing systems. He was the principal investigator of many contracts of research with 
industry and army (for more than three millions € ) Dr BORNE is "Commandeur dans l'Ordre des 
Palmes Académiques" since 2007. He obtained in 1994 the french “ Kulman Prize”. Since 1996, 
he is Fellow of the Russian Academy of Non-Linear Sciences and Permanent Guest Professor of 
the Tianjin University (China). In July 1997, he has been nominated at the "Tunisian National 
Order of Merit in Education" by the Republic of Tunisia. In June 1999 he has been nominated « 
Professor Honoris Causa » of the National Institute of Electronics and Mathematics of Moscow 
(Russia) and Doctor Honoris Causa of the same Institute in October 1999. In 2006 he has been 
nominated Doctor Honoris Causa of the University of Waterloo (Canada) and in 2007 Doctor 
Honoris Causa of the Polytechnic University of Bucharest (Romania). He is “Honorary Member 
of the Senate” of the AGORA University of Romania since May 2008 He has been Vice President 
of the SEE (French Society of Electrical and Electronics Engineers) from 2000 to 2006 in charge 
of the technical committees. He his the director of publication of the SEE electronic Journal e-
STA and chair the publication committee of the REE Dr BORNE has been Member of the CNU 
(French National Council of Universities, in charge of nominations and promotions of French 
Professors and Associate Professors) 1976-1979, 1992-1999, 2004-2007 He has been Director of 
the French Group of Research (GDR) of the CNRS in Automatic Control from 2002 to 2005 and 
of a “plan pluriformations” from 2006 to 2009. Dr BORNE has been member of the 
Multidisciplinary Assessment Committee of the “Canada Foundation for Innovation” in 2004 
and 2009. He has been referee for the nominations of 24 professors in USA and Singapore. He is 
listed in the « Who is Who in the World » since 1999. 
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Plenary Lecture 4 
 

Minimum Energy Control of Fractional Positive Electrical Circuits 
 

 
 

Professor Tadeusz Kaczorek (Fellow IEEE) 
Warsaw University of Technology 

Poland 
 

Abstract: The talk will consist of two parts. In the first part the minimum energy control of 
standard positive electrical circuits will be discussed and in the second part the similar problem 
for fractional positive electrical circuits. Necessary and sufficient conditions for the positivity 
and reachability of electrical circuits composed of resistors, coils and capacitors will be 
established. The minimum energy control problem for the standard and fractional positive 
electrical circuits will be formulated and solved. Procedures for computation of the optimal 
inputs and minimal values of the performance indeces will be given and illustrated by examples 
of electrical circuits. 
  
Brief Biography of the Speaker: Prof. Tadeusz Kaczorek graduated from the Faculty of Electrical 
Engineering Warsaw University of Technology in 1956, where in 1962 he defended his doctoral 
thesis. In 1964, he received a postdoctoral degree. In the years 1965-1970 he was head of the 
Department of Electronics and Automation, 1969-1970, and Dean of the Faculty of Electrical 
Engineering University of Warsaw. In the years 1970-1973 Vice-Rector of the Technical 
University of Warsaw in the years 1970-1981 the director of the Institute of Control and 
Industrial Electronics Warsaw University of Technology. He was also head of the Department of 
Control of the above Institute. In 1971 he received the title of Professor and Associate Professor 
of Warsaw University of Technology. In 1974 he received the title of professor of Warsaw 
University of Technology. In 1987-1988 he was chairman of the Committee for Automation and 
Robotics. Since 1986, corresponding member, and since 1998 member of the Polish Academy of 
Sciences. In 1988-1991 he was Head of the Scientific Academy in Rome. For many years a 
member of the Foundation for Polish Science. From June 1999 ordinary member of the 
Academy of Engineering. He is currently a professor at the Faculty of Electrical Engineering of 
Bialystok and Warsaw University of Technology. Since 1991 he is a member, and now chairman 
of the Central Commission for Academic Degrees and Titles (Vice-President in 2003-2006). In 
2012 he was chairman of the Presidium of the Scientific Committee of the conference devoted 
to research crash of the Polish Tu-154 in Smolensk methods of science. 
Scientific achievements 
His research interests relate to automation, control theory and electrical engineering, including 
analysis and synthesis of circuits and systems with parameters determined and random 
polynomial methods for the synthesis of control systems and singular systems. Author of 20 
books and monographs and over 700 articles and papers in major international journals such as 
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IEEE Transactions on Automatic Control, Multidimensional Systems and Signal Processing, 
International Journal of Control, Systems Science and Electrical Engineering Canadian Journal. 
He organized and presided over 60 scientific sessions at international conferences, and was a 
member of about 30 scientific committees. He has lectured at over 20 universities in the United 
States, Japan, Canada and Europe as a visiting professor. He supervised more than 60 doctoral 
dissertations completed and reviewed many doctoral theses and dissertations. His dozens of 
alumni received the title of professor in Poland or abroad. 
He is a member of editorial boards of journals such as International Journal of Multidimensional 
Systems and Signal Processing, Foundations of Computing and Decision Sciences, Archives of 
Control Sciences. From 1 April 1997, is the editor of the Bulletin of the Academy of Technical 
Sciences. 
Honours, awards and honorary doctorates. 
Honours 
Tadeusz Kaczorek has been honored with the following awards: 
* Officer's Cross of the Order of Polonia Restituta Polish 
* Meritorious Polish 
* Medal of the National Education Commission 
Honorary doctorates 
He received honorary degrees from the following universities: 
Silesian University of Technology (2014) 
Rzeszow University of Technology (2012) 
Poznan University of Technology (2011) 
Opole University of Technology (2009) 
Technical University of Lodz (3 December 2008) 
Bialystok University of Technology (August 20, 2008) 
Warsaw University of Technology (22 December 2004) 
Szczecin University of Technology (November 8, 2004) 
Lublin University of Technology (13 May 2004) 
University of Zielona Gora (27 November 2002) 
Honorary Member of the Hungarian Academy of Sciences and the Polish Society of Theoretical 
and Applied Electrical (1999). He received 12 awards of the Minister of National Education of all 
levels (including 2 team). 
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Plenary Lecture 5 
 

Unmanned Systems for Civilian Operations 
 

 
 

Professor George Vachtsevanos 
Professor Emeritus 

Georgia Institute of Technology 
USA 

E-mail: george.vachtsevanos@ece.gatech.edu 
 

Abstract: In this plenary talk we will introduce fundamental concepts of unmanned systems 
(Unmanned Aerial Vehicles and Unmanned Ground Vehicles) and their emerging utility in 
civilian operations. We will discuss a framework for multiple UAVs tasked to perform forrest fire 
detection and prevention operations. A ground station with appropriate equipment and 
personnel functions as the support and coordination center providing critical information to fire 
fighter as derived from the UAVs. The intent is to locate a swarm of vehicles over a designated 
area and report at the earliest the presence of such fire precursors as smoke, etc. the UAVs are 
equipped with appropriate sensors, computing and communications in order to execute these 
surveillance tasks accurately and robustly. Meteorological sensors monitor wind velocity, 
temperature and other relevant parameters. The UAV observations are augmented, when 
appropriate, with satellite data, observation towers and human information sources. Other 
application domains of both aerial and ground unmanned systems refer to rescue operations, 
damage surveillance and support for areas subjected to earthquakes and other natural 
disasters, border patrol, agricultural applications, traffic control, among others. 
  
Brief Biography of the Speaker: Dr. George Vachtsevanos is currently serving as Professor 
Emeritus at the Georgia Institute of Technology. He served as Professor of Electrical and 
Computer Engineering at the Georgia Institute of Technology from 1984 until September, 2007. 
Dr Vachtsevanos directs at Georgia Tech the Intelligent Control Systems laboratory where 
faculty and students began research in diagnostics in 1985 with a series of projects in 
collaboration with Boeing Aerospace Company funded by NASA and aimed at the development 
of fuzzy logic based algorithms for fault diagnosis and control of major space station 
subsystems. His work in Unmanned Aerial Vehicles dates back to 1994 with major projects 
funded by the U.S. Army and DARPA. He has served as the Co-PI for DARPA’s Software Enabled 
Control program over the past six years and directed the development and flight testing of 
novel fault-tolerant control algorithms for Unmanned Aerial Vehicles. He has represented 
Georgia Tech at DARPA’s HURT program where multiple UAVs performed surveillance, 
reconnaissance and tracking missions in an urban environment. Under AFOSR sponsorship, the 
Impact/Georgia Team is developing a biologically-inspired micro aerial vehicle. His research 
work has been supported over the years by ONR, NSWC, the MURI Integrated Diagnostic 
program at Georgia Tech, the U,S. Army’s Advanced Diagnostic program, General Dynamics, 
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General Motors Corporation, the Academic Consortium for Aging Aircraft program, the U.S. Air 
Force Space Command, Bell Helicopter, Fairchild Controls, among others. He has published over 
300 technical papers and is the recipient of the 2002-2003 Georgia Tech School of ECE 
Distinguished Professor Award and the 2003-2004 Georgia Institute of Technology Outstanding 
Interdisciplinary Activities Award. He is the lead author of a book on Intelligent Fault Diagnosis 
and Prognosis for Engineering Systems published by Wiley in 2006. 
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Plenary Lecture 6 
 

Iterative Extended UFIR Filtering in Applications to Mobile Robot Indoor Localization 
 

 
 

Professor Yuriy S. Shmaliy 
Department of Electronics 

DICIS, Guanajuato University 
Salamanca, 36855, Mexico 
E-mail: shmaliy@ugto.mx 

 
Abstract: A novel iterative extended unbiased FIR (EFIR) filtering algorithm is discussed to solve 
suboptimally the nonlinear estimation problem. Unlike the Kalman filter, the EFIR filtering 
algorithm completely ignores the noise statistics, but requires an optimal horizon of N points in 
order for the estimate to be suboptimal. The optimal horizon can be specialized via 
measurements with much smaller efforts and cost than for the noise statistics required by EKF. 
Overall, EFIR filtering is more successful in accuracy and more robust than EKF under the 
uncertain conditions. Extensive investigations of the approach are conducted in applications to 
localization of mobile robot via triangulation and in radio frequency identification tag grids. 
Better performance of the EFIR filter is demonstrated in a comparison with the EKF. It is also 
shown that divergence in EKF is not only due to large nonlinearities and large noise as stated by 
the Kalman filter theory, but also due to errors in the noise covariances ignored by EFIR filter. 
  
Brief Biography of the Speaker: Dr. Yuriy S. Shmaliy is a full professor in Electrical Engineering 
of the Universidad de Guanajuato, Mexico, since 1999. He received the B.S., M.S., and Ph.D. 
degrees in 1974, 1976 and 1982, respectively, from the Kharkiv Aviation Institute, Ukraine. In 
1992 he received the Dr.Sc. (technical) degree from the Soviet Union Government. In March 
1985, he joined the Kharkiv Military University. He serves as full professor beginning in 1986 
and has a Certificate of Professor from the Ukrainian Government in 1993. In 1993, he founded 
and, by 2001, had been a director of the Scientific Center “Sichron” (Kharkiv, Ukraine) working 
in the field of precise time and frequency. His books Continuous-Time Signals (2006) and 
Continuous-Time Systems (2007) were published by Springer, New York. His book GPS-based 
Optimal FIR Filtering of Clock Models (2009) was published by Nova Science Publ., New York. He 
also edited a book Probability: Interpretation, Theory and Applications (Nova Science Publ., 
New York, 2012) and contributed to several books with invited chapters. Dr. Shmaliy has 
authored more than 300 Journal and Conference papers and 80 patents. He is IEEE Fellow; was 
rewarded a title, Honorary Radio Engineer of the USSR, in 1991; and was listed in Outstanding 
People of the 20th Century, Cambridge, England in 1999. He is currently an Associate Editor for 
Recent Patents on Space Technology. He serves on the Editorial Boards of several International 
Journals and is a member of the Organizing and Program Committees of various Int. Symposia. 
His current interests include statistical signal processing, optimal estimation, and stochastic 
system theory. 
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Low-complexity soft-output MIMO detection in

FBMC/OQAM systems

Màrius Caus∗, Ana I. Pérez-Neira∗† and Miguel Ángel Lagunas∗†

∗Centre Tecnològic de Telecomunicacions de Catalunya, Castelldefels, Spain
†Department of Signal Theory and Communications - Universitat Politècnica de Catalunya, Barcelona, Spain

Abstract—This paper focuses on soft-output detection when
coded spatial data multiplexing schemes are combined with
filter bank multicarrier systems based on the offset quadrature
amplitude modulation (FBMC/OQAM). Due to the modulation-
induced interference, which is inherent to FBMC/OQAM, the
soft-output detection is not trivial. The proposed technique
circumvents this problem by removing the interference with
reduced complexity. The complexity of the proposed receiver
and the system performance are evaluated and compared with
the equivalent OFDM one. When the receiver has more antennas
than the transmitter, both schemes give similar performance thus,
supporting FBMC/OQAM, which presents less complexity.

Index Terms—FBMC/OQAM, Spatial data multiplexing

I. INTRODUCTION

The fact that networks are becoming heterogeneous and that

the spectrum may be fragmented reveal that further research

beyond orthogonal frequency division multiplexing (OFDM)

is necessary. The filter bank multicarrier modulation based

on offset quadrature amplitude modulation (FBMC/OQAM)

is a candidate to satisfy the upcoming needs, [1], [2]. The

reduced out-of-band emission and the absence of cyclic prefix

transmission are the main assets of FBMC/OQAM.

It is important to remark that FBMC/OQAM signals present

modulation-induced interference at detection when they are

transmitted through a non additive white Gaussian noise

(AWGN) channel. This fact poses difficulties to its exten-

sion to multiple-input-multiple-output (MIMO) channels [2].

For instance, the maximum likelihood (ML) detection in

MIMO communication systems where independent streams

are spatially multiplexed remains as an open problem in the

FBMC/OQAM context. To make progress in this research

area, the work presented here studies the application of spatial

data multiplexing (SDM) to the FBMC/OQAM modulation

scheme. In particular, we concentrate on the case where

data bits are encoded. In this scenario, the MIMO detector

should be able to provide soft information to the decoder. Due

to the modulation-induced interference, which is inherent to

FBMC/OQAM systems, the design of the receiver is definitely

challenging. Previous works in the literature propose to cancel

out the interference by resorting to iterative algorithms [3],

[4]. The increased complexity that is required to deal with the

interference may render the solution impractical. To overcome

this hurdle we envisage a new strategy to remove the inter-

ference in a non-iterative fashion and, thus, the complexity is

alleviated when compared to existing techniques. To demon-

strate that FBMC/OQAM can be considered as a candidate

to substitute OFDM, which is the dominant technology, both

modulations have been compared in terms of performance

and complexity. The most interesting conclusion drawn from

the study in this paper, which is unknown so far, is that

FBMC/OQAM and OFDM give similar performance when

the number of receive antennas is higher than the number

of transmit antennas, while the complexity is the lowest in

FBMC/OQAM.

The contributions of this paper are summarized as follows:

• A new non-iterative receive processing has been devised

to eliminate the interference when SDM is combined with

FBMC/OQAM. Using this new procedure, soft detection

problem for FBMC/OQAM systems is turned into a

conventional detection problem.

• A comparative study between FBMC/OQAM and OFDM

in MIMO communication systems has been conducted.

The comparison has been made in terms of performance

and computational complexity.

The rest of the paper is organized as follows. Section II

introduces the system model. Soft-output MIMO detection in

FBMC/OQAM and OFDM is described in Sections III and

IV, respectively. The system performance and the complexity

of OFDM and FBMC/OQAM are analyzed in Section V. The

numerical results are presented in Section VI. Finally, Section

VII draws the conclusions.

II. SYSTEM MODEL

Consider the MIMO system depicted in Figure 1. At the

transmit side the sequence of bits is spatially multiplexed

in NT layers. At each layer the input bits are encoded

and mapped into the corresponding symbols, which will be

frequency multiplexed by the synthesis filter bank (SFB).

From Figure 1 it can be inferred that the signal si[n] is the

superposition of M subcarrier signals in the time domain. Let

xi
q[k] be the symbol that is conveyed on the qth subcarrier and

it is transmitted by the ith antenna. At the other end of the link

the received signals are passed to the analysis filter bank (AFB)

to recover the information conveyed on each subcarrier. The

signal zjq [k] is the result of demodulating the qth subcarrier

signal to baseband with the AFB of the jth antenna. It is

important to remark that rj [n] is contaminated by noise and

is affected by the channel impairments.

Note that the transceiver of Figure 1 is sufficiently general

to accommodate OFDM and FBMC/OQAM systems. For

further details about the combination of MIMO with OFDM
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Figure 1. Transceiver block diagram

and FBMC/OQAM we address the reader to [5] and [6],

respectively.

III. SOFT DETECTION IN FBMC/OQAM

In FBMC/OQAM systems the interplay from the input of

the SFB to the output of the AFB is characterized by

zq[k] = Hq

(

q+1
∑

m=q−1

3
∑

τ=−3

αqm[τ ]θm[k − τ ]dm[k − τ ]

)

+wq[k],
(1)

where zq[k] =
[

z1q [k] · · · z
NR
q [k]

]T
, for 0 ≤ q ≤ M − 1,

[6], [7]. The column vector wq[k] ∈ C
NR×1 accounts for the

noise that is filtered by the bandpass filters centered at the

qth subcarrier. If the noise that is present at the receiver input

is spatially uncorrelated, circularly symmetric and Gaussian

distributed with mean zero and variance N0, then it follows

that wq[k] ∼ CN (0, N0INR
), [8]. The vector 0 ∈ C

NR×1

is zero-valued and INR
denotes the NR-dimensional identity

matrix. The subcarrier spacing is selected so that the channel

frequency response is flat within subchannels. In this sense,

Hq ∈ C
NR×NT accounts for the channel matrix on the radial

frequency ej
2π
M

q . The (j, i)th entry corresponds to the channel

between the jth receive antenna and the ith transmit antenna. It

is worth emphasizing that the model formulated in (1) assumes

that Hq−1 = Hq = Hq+1, (see [6], [7]). The coefficients

{αqm[τ ]} can be regarded as modulation-induced interference

terms that depend on the prototype pulse p[n] as follows:

αqm[τ ] =
∞
∑

n=−∞

fm

[

M

2
τ − n

]

f∗
q [−n] (2)

fm[n] = p[n]ej
2π
M

m(n−L−1

2 ), 0 ≤ n ≤ L = 4M. (3)

The pulse p[n] is designed according to the frequency sam-

pling approach described in [9]. The values of {αqm[τ ]} are

gathered in Table I. Due to the good frequency localization of

p[n], it can be assumed that αqm[τ ] = 0 for m ≤ q − 2 and

m ≥ q + 2. As a consequence, only the adjacent subcarriers

cause inter-carrier interference.

It is important to remark that the vector of symbols dm[k] =
[

d1m[k] · · · dNT
m [k]

]T
∈ R

NT×1 is real-valued and the streams

{

dim[k]
}

are obtained using a pulse amplitude modulation

(PAM). The phase term is defined as

θm[k] =

{

1 m+ k even

j m+ k odd
(4)

to guarantee that the difference of phase between adjacent

symbols along the time-frequency grid is π
2 . In accordance

to Figure 1 symbols are factorized as xi
m[k] = θm[k]dim[k].

To extract dq[k] from zq[k], the phase term θq[k] is com-

pensated in (1) yielding

yq[k] = zq[k]θ
∗
q [k] = Hq(dq[k] + uq[k]) + w̄q[k], (5)

where

uq[k] =
∑

(m,τ) 6=(q,0)

θ∗q [k]αqm[τ ]θm[k − τ ]dm[k − τ ] (6)

and w̄q[k] = θ∗q [k]wq[k]. From (4) and the values of {αqm[τ ]}
we can deduce that uq[k] is a pure imaginary column vector

[6], [7]. This is the key aspect that allows us to get rid of

the undesired interference part. To this end, we stack real and

imaginary parts to work with the extended vector

yq,e[k] = Ȟq

[

ℑ
(

uT
q [k]

)

dT
q [k]

]T
+ w̄q,e[k] (7)

Ȟq =

[

−ℑ (Hq) ℜ (Hq)
ℜ (Hq) ℑ (Hq)

]

. (8)

The column vectors yq,e[k] =
[

ℜ
(

yTq [k]
)

ℑ
(

yTq [k]
)]T

and

w̄q,e[k] =
[

ℜ
(

w̄T
q [k]

)

ℑ
(

w̄T
q [k]

)]T
are pure real. Recall

that (8) can be factorized using the Gram-Schmidt method

yielding Ȟq = QqRq . The columns of Qq ∈ R
2NR×2NT

are orthonormal and the matrix Rq ∈ R
2NT×2NT is upper

triangular. To ease the analytical tractability we split Rq into

four NT ×NT matrices as follows:

Rq =

[

R11
q R12

q

0 R22
q

]

. (9)

Let qi
q be the ith column of Qq . Then, the global communica-

tion system in the qth subcarrier can be expressed as function

of the interference and desired symbols in this form

yq,e[k] =
[

q1
q...q

NT
q

]

R11
q ℑ (uq[k]) + w̄q,e[k]+

([

q1
q...q

NT
q

]

R12
q +

[

qNT+1
q ...q2NT

q

]

R22
q

)

dq[k].
(10)
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Table I
INTRINSIC INTERFERENCE UNDER IDEAL PROPAGATION CONDITIONS

τ = −3 τ = −2 τ = −1 τ = 0 τ = 1 τ = 2 τ = 3
αqq−1[τ ] -j0.0429 -0.1250 j0.2058 0.2393 -j0.2058 -0.1250 j0.0429

αqq [τ ] -0.0668 0 0.5644 1 0.5644 0 -0.0668

αqq+1[τ ] j0.0429 -0.1250 -j0.2058 0.2393 j0.2058 -0.1250 -j0.0429

Since the columns of Qq are orthonormal, it follows that
[

qNT+1
q ...q2NT

q

]T [

q1
q...q

NT
q

]

= 0. In light of this re-

sult, it can be verified that the projection y̌q,e[k] =
[

qNT+1
q ...q2NT

q

]T
yq,e[k] results in the interference-free vector

y̌q,e[k] = R22
q dq[k] + w̌q,e[k]. (11)

Note that the noise in (11) is still spatially uncorre-

lated, i.e. w̌q,e[k] ∼ N
(

0, N0

2 INT

)

, where w̌q,e[k] =
[

qNT+1
q · · · q2NT

q

]T
w̄q,e[k]. The steps required to compute

y̌q,e[k] are performed by the subband processing stage of

Figure 1. The proposed scheme, which is novel, is very

attractive because achieves spatial multiplexing gains as well

as allows the removal of the interference with a reduced

complexity, that is in a non-iterative fashion.

In the absence of interference conventional soft detection

algorithms can be used to compute a posteriori log-likelihood

ratios (LLRs). Assuming that encoded bits are equiprobable,

the LLRs can be written as

cl = log











∑

c∈B
1

l

p
(

y̌q,e[k]|d(c)
)

∑

c∈B
0

l

p
(

y̌q,e[k]|d(c)
)











, (12)

for 1 ≤ l ≤ log2 (Ms)NT , where log2 (Ms) is the number of

bits that constitute the Ms-ary PAM symbols
{

dim[k]
}

. The

set B
1
l (B0

l ) contains the candidate bit-vectors whose lth bit

is 1 (0). By mapping c onto NT Ms-ary PAM symbols we

obtain d (c). The bit-vectors c have log2 (Ms)NT elements.

The probability density function is given by

p
(

y̌q,e[k]|d(c)
)

=

exp

(

−
1

N0

∥

∥y̌q,e[k]− R22
q d (c)

∥

∥

2

2

)

√

(0.5N02π)
NT

.

(13)

Resorting to the Max-Log approximation, the a posteriori

LLRs can be expressed as

cl =

min
c∈B

0

l

∥

∥y̌q,e[k]− R22
q d (c)

∥

∥

2

2
−min

c∈B
1

l

∥

∥y̌q,e[k]− R22
q d (c)

∥

∥

2

2

N0
(14)

for 1 ≤ l ≤ log2 (Ms)NT . Finally, the soft bits {cl} for

1 + (i − 1)log2 (Ms) ≤ l ≤ ilog2 (Ms), are fed into the ith

Turbo decoder.

Using brute force (14) can be straightforwardly computed.

Alternatively, the single tree search (STS) approach proposed

in [10] is able to drastically reduce the complexity. The

complexity reduction stems from the fact that (14) is efficiently

computed by visiting once the paths of the tree. In other

words, given the symbol-vector candidate d, the distance
∥

∥y̌q,e[k]− R22
q d
∥

∥

2

2
is not repeatedly computed, but it is used

just once. Then the complexity of (14) is upper bounded

by 2NT log
2
(Ms)Cd, where Cd is the complexity required to

compute
∥

∥y̌q,e[k]− R22
q d
∥

∥

2

2
, for a given d. We claim that

this complexity is a bound because we have neglected the

benefits of the pruning criterion [10], since it is difficult

to exactly formulate the complexity reduction achieved by

pruning the tree. It must be mentioned that there are ways of

evaluating the distance with a number of multiplications that

only grows linearly with NT per-vector. It can be checked

that this is achieved by updating the difference vector when

moving from symbol-vector to symbol-vector along with a

smart enumeration of the symbol-vectors. Let da,db be two

candidate symbol-vectors. The distance associated to db can

be expressed from the metrics corresponding to da as

∥

∥y̌q,e[k]− R22
q db

∥

∥

2

2
=
∥

∥y̌q,e[k]− R22
q da

∥

∥

2

2
+

∥

∥R22
q (db − da)

∥

∥

2

2
− 2

(

y̌q,e[k]− R22
q da

)T
R22

q (db − da) .
(15)

Given
∥

∥y̌q,e[k]− R22
q da

∥

∥

2

2
and yq,e[k]−R22

q da, the complexity

of (15) grows linearly with NT if da and db only differ in one

row.

To evaluate the next candidate we have to store
∥

∥y̌q,e[k]− R22
q db

∥

∥

2

2
and compute yq,e[k]−R22

q db, which only

takes NT multiplications by using this update yq,e[k] −
R22

q db = yq,e[k]−R22
q da−R22

q (db − da). Again, it is assumed

that yq,e[k] − R22
q da is given beforehand and that da and db

coincide except in one symbol. This confirms that (14) can

be computed with this complexity order O
(

2NT log
2
(Ms)NT

)

,

as long as symbol-vectors are sorted so that consecutive

candidates only differ in one symbol.

IV. SOFT DETECTION IN OFDM

In the OFDM case, the demodulated data in Figure 1 is

given by zq[k] =
[

z1q [k] · · · z
NR
q [k]

]T
= Hqxq[k] + wq[k].

Now xq[k] ∈ C
NT×1 contains NT symbols that belong to the

quadrature amplitude modulation (QAM). The statistical infor-

mation of the noise is expressed as wq[k] ∼ CN (0, N0INR
).

Based on that, the computation of the soft information relies

on evaluating ‖zq[k]− Hqx‖22, where x is a symbol-vector can-

didate. To facilitate the comparison with FBMC/OQAM, we

formulate some expressions in the real field and resort to the

QR-decomposition. Then, ‖zq[k]− Hqx‖22 can be equivalently

written as
∥

∥

∥y̌q,e[k]− Rq

[

ℑ
(

xT
)

ℜ
(

xT
)]T
∥

∥

∥

2

2
, (16)
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where y̌q,e[k] = QT
q

[

ℜ
(

zTq [k]
)

ℑ
(

zTq [k]
)]T

. The matrices

Qq,Rq are introduced in Section III. The subband processing

stage in Figure 1 generates y̌q,e[k] from zq[k]. Borrowing the

notation from (14), the LLRs are now written in this form

cl =

min
c∈B

0

l

∥

∥y̌q,e[k]− Rqd (c)
∥

∥

2

2
−min

c∈B
1

l

∥

∥y̌q,e[k]− Rqd (c)
∥

∥

2

2

N0
(17)

for 1 ≤ l ≤ log2 (Ms) 2NT , where 2log2 (Ms) is the

number of bits that constitute the M2
s -ary QAM symbols.

The vector d(c) maps c onto a sequence of 2NT Ms-

PAM symbols. Bearing in mind the complexity analysis of

(14), we can deduce that the complexity of (17) is approxi-

mately O
(

22NT log
2
(Ms)2NT

)

. Thus, the complexity order is

increased with a factor 2NT log
2
(Ms)2 in comparison to the

FBMC/OQAM case.

V. OFDM VS. FBMC/OQAM

This section compares the FBMC/OQAM-based and the

OFDM-based receivers described in Sections III and IV,

respectively. First, we analyze the performance. Next, the

complexity after the interference suppression is evaluated.

A. Performance analysis

In this section we conduct a theoretical analysis, which

provides insight concerning the system performance. The per-

formance metric that is considered is the signal to noise ratio

(SNR) at the input of the soft detector. It is assumed that sym-

bols are independent, i.e. E
{

dq[k]d
T
q [k]

}

= 0.5EsINT
and

E
{

xq[k]x
H
q [k]

}

= EsINT
. Let Es be the QAM symbol en-

ergy. It can be deduced from y̌q,e[k] that in the FBMC/OQAM

case, the metric on the qth subcarrier is SNRFBMC
q =

0.5Es

0.5N0NT

∥

∥R22
q

∥

∥

2

F
, where ‖.‖F is the Frobenius norm. The

metric in the OFDM context is SNROFDM
q = 0.5Es

N0NT
‖Rq‖

2
F

.

Note that ‖Rq‖
2
F
=
∥

∥R11
q

∥

∥

2

F
+
∥

∥R12
q

∥

∥

2

F
+
∥

∥R22
q

∥

∥

2

F
. If NR ≥

NT = 2, then R11
q is element-wise greater than R22

q (see

Appendix) and, thus,
∥

∥R11
q

∥

∥

2

F
>
∥

∥R22
q

∥

∥

2

F
. As a consequence,

SNROFDM
q > SNRFBMC

q , for all q. The numerical results

will show that FBMC/OQAM performs closer to OFDM as

NR increases. For NT > 2 nothing has been proved and the

generalization is left for future work.

B. Complexity analysis

The mathematical developments in Section III show that the

proposed interference cancellation technique is less complex

than the iterative method of [3], [4]. In the absence of

interference, symbols can be independently or jointly detected

as proposed in [3] and [4], respectively. In this paper we focus

on joint detection. Then, the LLR computation is slightly more

complex in [4] than in Section III since all coefficients are

real-valued in (14).

The complexity analysis is not limited to evaluate the

schemes of [3], [4] but the addressed FBCM/OQAM receiver

is also compared at the level of soft detection with OFDM

for NR ≥ NT . To carry out a fair comparison we should
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Figure 2. BER vs. Ec/N0 over MIMO channels.

keep in mind that the symbols in FBMC/OQAM are mod-

ulated at a rate twice that of the symbols in OFDM, [1].

When all subcarriers are considered, the complexity of (14)

and (17) in one OFDM symbol period become respectively

O(2M4NTNT ) and O(2M16NT NT ), for Ms = 4.

The complexity of the AFB in one OFDM symbol period

is O(MNR7) in OFDM and O(MNR30) in FBMC/OQAM,

[11]. The arithmetic operations performed by the subband

processing stage and the Turbo decoders are almost the same

in both modulations. Hence, when the soft-output MIMO

detection comes into play can state that the OFDM-based

receiver exhibits the highest complexity for Ms = 4, NT = 2
and NR ∈ {2, 3, 4}.

VI. NUMERICAL RESULTS

This section evaluates the SDM scheme depicted in Figure

1. Regarding the system parameters, the 10 MHz bandwidth

are split into M = 1024 subcarriers out of which only

600 are active. The frequency sampling is 15.36 MHz. To

make true the assumption that the channel frequency re-

sponse is flat at the subcarrier, the propagation conditions

are generated according to the ITU Pedestrian A model,

[12]. The turbo code consists of concatenating in parallel

two identical systematic encoders the transfer function of

which is G(D) =
[

1, 1+D2+D3

1+D+D3

]

. Thus the code rate is

rcode = 1/3. The transmitted symbols are drawn from the 16-

QAM constellation. Note that the FBMC/OQAM modulation

staggers real and imaginary parts and, thus, the symbols belong

to the PAM constellation. The comparison between OFDM and

FBMC/OQAM is made in terms of bit error rate (BER) for

different coded symbol energy to noise ratio values, which are

defined as Ec

N0

= M+CP
M

Es

rcodeN0

. In OFDM systems we set the

cyclic prefix to CP = M/8 while in the FBMC/OQAM con-

text CP = 0. As a result, the spectral efficiency reaches 2.13
and 2.4 bits/s/Hz in OFDM and FBMC/QOAM, respectively.

The Figure 2 shows the BER against the Ec

N0

. The notation

NR × NT indicates that the receiver and the transmitter are

equipped with NR and NT antennas, respectively. In 2×2 and

3× 2 configurations, OFDM gives the best performance as it
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is predicted in Section V-A. Then, the iterative algorithm of

[4] should be employed to reduce the gap. In the 4 × 2 con-

figuration, the curves of both modulations practically match.

A plausible explanation comes from the observation that the

ratio 0.5 ‖Rq‖
2
F
/
∥

∥R22
q

∥

∥

2

F
gets closer to one as NR increases.

This means that SNROFDM
q ≈ SNRFBMC

q , for all q.

VII. CONCLUSIONS

This paper focuses on coded-FBMC/OQAM systems when

SDM is applied. To facilitate the soft detection we propose

a technique to remove the interference, which is less com-

plex than the existing solutions. The analysis that has been

conducted reveals that in the absence of interference the soft

demapping can be performed with a reduced complexity in

FBMC/OQAM when compared to OFDM, yet this comes

at the price of degrading the performance. Interestingly, the

degradation becomes less significant as NR increases. As a

result, the proposed coded-FBMC/OQAM scheme becomes

attractive when NR > NT because offer similar performance

as OFDM with spectral efficiency gains.

APPENDIX A

The aim of this appendix is to show that the magnitudes

of the elements of R11
q are element-wise greater than those

of R22
q when NT = 2. To this end we first define (8) as the

concatenation of 4 vectors, i.e. Ȟq =
[

h1
qh2

qh3
qh4

q

]

. From the

QR-factorization and the definition of (8) we obtain
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(A.2)

where [R]ij is the (i, j)th element of Rq . To get (A.1) we

have taken into account that
(

h1
q

)T
h3
q = 0. Then, it follows

that
[

R12
q

]

11
= 0.

In the next step the scalar products qT
3 h4

q , qT
2 h4

q and qT
2 h3

q

are formulated as follows:

[

R22
q

]

12
= qT

3 h4
q =

(

h4
q

)T
(

h3
q − q2

[

R12
q
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21
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/
[

R22
q

]

11

(A.3)
[

R12
q

]

22
= qT

2 h4
q =

(

h4
q

)T
(

h2
q − q1

[

R11
q

]

12

)

/
[

R11
q

]

22

(A.4)
[

R12
q

]

21
= qT

2 h3
q =

(

h3
q

)T
(

h2
q − q1

[

R11
q

]

12

)

/
[

R11
q

]

22
.

(A.5)

By realizing that
(

h4
q

)T
h2
q=0,

(

h4
q

)T
h3
q=
(

h2
q

)T
h1
q and

(

h3
q

)T
h2
q=-
(

h1
q

)T
h4
q , (A.3), (A.4) and (A.5) become
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Plugging (A.1), (A.8) and (A.7) into (A.6) yields
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21
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(A.9)

We resort to (A.8) to derive the second equality of (A.9).

If (A.7) and (A.9) are substituted into (A.2) we get
∣

∣

∣

[
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]
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∣
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=
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. (A.10)

Recalling that R11
q and R22

q are upper triangular, we can

conclude from (A.1),(A.9) and (A.10) that R11
q is element-

wise greater than R22
q .
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Keywords—Receiving diversity, MIMO, tunnel, error rate, 
capacity. 

 
Abstract—To increase channel capacity in tunnels, MIMO seems 

to be a promising technique despite the low angular spread of the 
rays. Indeed, for transmitting frequencies on the order or larger than 
1 GHz, the tunnel behaves as an oversized waveguide and the 
concept of spatial diversity can be replaced by the concept of modal 
diversity. Nevertheless if the maximum capacity which can be 
reached is an interesting criterion, it is also important to study the 
performance of a MIMO link in terms of bit error rate or symbol 
error rate. Furthermore, these performances must be compared to 
those which would be obtained by using simple diversity receiving 
systems as selection combining or maximum ratio combining. In this 
presentation, a 2-element array will be considered, both at the 
transmitter and at the receiver, the element spacing varying between 
0.5 to 3 wavelengths. From channel matrices measured in a tunnel at 
2.8 GHz, error rates for different diversity schemes are deduced from 
simulation tools to draw conclusions on their efficiency.  
 

I. INTRODUCTION 
NSURING high bit rate communication is of great 
importance for railway applications in order to transmit 

information either from train to track or between two 
successive trains. In the special case of subway lines, most of 
the tracks are underground and reliable data transmission 
becomes more critical with the development of automatic 
subways.  

In order to increase the channel capacity, keeping constant 
the transmitting power and the bandwidth, Multiple Input 
Multiple Output (MIMO) techniques are now widely 
developed both for indoor or outdoor configurations. Since 
performances of MIMO strongly depend on the properties of 
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the channel transfer matrix, as its ranks, one can thus wonder if 
such a technique can be applied in tunnels. Indeed, if the 
transmitting frequency is high enough so that the transverse 
dimensions of the tunnel are much greater than the wavelength, 
the tunnel behaves as an oversized waveguide. In this case and 
in a straight tunnel, path loss becomes a decreasing function of 
frequency as far as the roughness of the walls remains much 
smaller than the wavelength [1], [2].  

However, due to the guiding effect, the angular spread of 
the rays is rather small [3], on the order of 3° for a distance 
equal or greater than 200 m between the transmitter (Tx) and 
the receiver (Rx) [4]. Correlation between array elements for 
MIMO systems thus becomes a critical point. However, 
previous studies [5], [6] have shown that if the Tx/Rx arrays 
are oriented in such a way that their axis are perpendicular to 
the tunnel axis, theoretical channel capacities based on an 
extension of the Shannon’s formula can be much larger than 
the capacity obtained for the Single Input Single Output 
(SISO) case. However, at large distance from Tx, only rays 
impinging the tunnel walls with a grazing angle of incidence 
mainly contribute to the received power. This leads to an 
increase of correlation between array elements, and thus to bad 
performances of spatial multiplexing as, for example, when 
using VBLAST algorithm [7]. 

The main interest of using MIMO in tunnels is thus based 
on diversity coding techniques in order to increase the 
robustness of the link by decreasing the bit error rate (BER) or 
symbol error rate (SER) for a fixed transmitting power. In 
most of the previous papers, performances of MIMO in terms 
of SER were compared to those of SISO.  

However, due to the complexity of implementing MIMO, it 
is interesting to also compare its performances to those of 
other diversity schemes which can be easiest to implement.  
[8]. In this contribution, we will focus on 2-element arrays, 
often used in practical applications. The channel transfer 
functions at 2.8 GHz were measured in a straight semi-arched 
tunnel by using virtual arrays, i.e. by moving step by step, in 
the transverse plane of the tunnel, a transmitting and a 
receiving antenna. In the following examples, spacing between 
the two elements of the virtual Tx/Rx arrays varying from 
6 cm to 27 cm, corresponding to 0.5 and 3 wavelengths, 
respectively, will be considered. Performances of the link for 
MIMO and different diversity schemes will be based on 

Impact of spacing between array elements on 
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software tool simulating the link and a Monte Carlo method 
for determining the SER in presence of a white Gaussian 
noise.  

The paper is organized as follows: In Section II we briefly 
present the geometrical configuration of the tunnel and of the 
measurement procedure to deduce the channel transfer 
matrices for frequencies around 2.8 GHz. Section III deals 
with the characteristics of the propagation channel. Space and 
frequency correlation versus the distance between Tx and Rx 
will be studied, as well as the distribution of the eigenvalues of 
the transfer matrix for a MIMO link. Lastly, SER obtained for 
different diversity schemes and various spacing between array 
elements are presented in Section IV. 

II. GEOMETRICAL CONFIGURATION AND PRINCIPLE OF THE 
MEASUREMENTS   

All measurements were carried out in a straight arched 
tunnel whose maximum width and height are 8.6 m and 6.1 m 
respectively. Since details on the experiments can be found in 
[9], only their main features are recalled. Virtual arrays were 
used both for Tx and Rx, biconical antennas being moved 
along an axis perpendicular to the tunnel axis at a height of 
1 m above ground.  

For a given distance d between Tx and Rx, these antennas 
were moved in a transverse plane, as shown in Fig. 1, with a 
step of 3 cm and along a distance of 33 cm.   

 

 
Figure 1. Configuration of the tunnel and successive positions of the 
antennas in the transverse plane to deduce channel transfer matrices. 

 
The distance d varies from 50 to 500 m with an axial step of 

4 or 6 m. The Tx and Rx antennas were connected to a vector 
network analyzer (VNA) for measuring the S21 scattering 
parameter. In the following, a frequency band extending from 
2 to 5 GHz was considered. To avoid a strong attenuation in 
the cables connecting the antennas to the VNA, fiber optics 
were used. Taking the number of successive positions of the 
antenna in the transverse plane into account, a 12x12 channel 
matrix was stored for each distance d and for each frequency.  

III. CHARACTERISTICS OF THE PROPAGATION CHANNEL 

A. Space and Frequency Correlation 
A possibility to decrease antenna correlation is to use 

polarization diversity, the elements of the array being 
successively horizontal or vertical. Let us first consider the 
transmission from a vertical antenna (V) and the reception by 
either a vertical antenna or a horizontal antenna (H).   

In Fig. 2, the received power versus distance, and 
normalized to an arbitrary value, has been plotted for 2 

frequencies, 2 and 5 GHz and either for co-polarized (VV) or 
cross polarized antennas (HH). It clearly appears that, 
whatever the frequency, the waves remain polarized and using 
polarization diversity will not bring any improvement in 
correlation between elements, the signal to noise ratio (SNR) 
strongly decreasing for cross polarized elements. 

. 

 
Figure 2. Variation of the received power, normalized to an arbitrary 

value, versus the distance Tx – Rx and for co-polarized (VV) and 
cross-polarized (VH) antennas. 

To decrease the SER, another possibility is to use space 
diversity, frequency diversity or to combine both of them. 
Plots in Fig. 3 give the correlation ρ of the received signals in 
the plane (element spacing, frequency separation), at short 
distance from Tx (d = 50 m) The center frequency is 2.8 GHz. 
This Fig. 3 shows that low correlation can be easily obtained. 
Indeed ρ = 0.5 for element spacing of 9 cm or a frequency 
separation of 45 MHz.  

 
Figure 3. Correlation in the frequency/space domain, for an axial 

distance d = 50 m; The center frequency is 2.8 GHz. 
 
Results dealing with a large distance from Tx (446 m) are 

given in Fig. 4. In this case, contrary to what happens at short 
distance, ρ is still equal to 0.9, even with spacing between 
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elements of 14 cm, 
In the frequency domain, a separation of 140 MHz is needed 

to reach  ρ = 0.5. This result can be explained from the modal 
theory of the propagation in tunnel [10]. Indeed, the 
attenuation constant increases with the order of the modes and 
thus at large distance, only few modes significantly contribute 
to the total power. Correlation distance depending on the field 
map in the tunnel cross-section, interference between few 
modes will not give rise to fast variation of the electric field, 
leading to an increase of this correlation distance.      

In order to compare performances of MIMO, SISO and other 
diversity schemes, in the following only space diversity will be 
considered. 

B. Eigenvalues of the MIMO (2,2) channel matrix 
In many applications, 2-element arrays are used. Let s be the 
spacing between the 2 elements, chosen equal either to 6 cm or 
to 27 cm. For a transmitting frequency of 2.8 GHz, the 
wavelength λ being equal to 10.7 cm, these two values 
correspond to about 0.6 λ and 3 λ, respectively. The condition 
number Cn of the H transfer matrix, defined by the ratio of its 2 
eigenvalues, is given in Fig. 5.  

We first note that, whatever the spacing, Cn increases with 
distance. For a spacing of 27 cm, for example, Cn varies from 
3 at short distance from Tx to about 20 at 500 m.  

This can be easily explained, as previously, by the decrease 
of the number of modes when Rx moves far away from Tx. 
For a spacing of 6 cm, H becomes ill-conditioned Cn reaching 
values equal or greater than 100 for d > 250 m. This will have, 
of course, a strong impact on MIMO performances as it will be 
see in Section IV. Indeed, since the second eigenvalue is 
negligible compared to the first one nearly in all the tunnel, 
one can expect that space time coding schemes will not be 
efficient.  

IV. SIGNAL TO NOISE RATIO AND BIT ERROR RATE FOR THE 
VARIOUS DIVERSITY SCHEMES 

In this paper, for the MIMO configuration, only space time 
block codes will be considered and they are noted STBC in the 
following.  

Since we assume that a 2-element array is used at both ends 
of the link, making diversity only at the receiving side could be 
a simple way to improve the performance of the link. It is thus 
interesting to compare MIMO and such diversity schemes. We 
have previously outlined the effect of the guiding structure on 
both path loss (Fig. 2) and distribution of the eigenvalues (Fig. 
5). Therefore, a transmitting gain can be obtained by using a 
directive antenna whose main lobe is directed towards the 
tunnel axis. This means that the two elements of the Tx array 
will be fed in-phase, leading to a broadside antenna, noted 
BSA. At Rx, the various configurations are selection 
combining (SC) and maximum ratio combining (MRC). 
Lastly, one can also envisage the simple case of using directive 
antennas at both sides, Tx and Rx, leading to a BSA/BSA link. 

 
 

Figure 4. Same as in Fig. 3 but for d = 446 m. 
 

 
Figure 5. Condition number of the (2,2) transfer matrix at 2.8 GHz 

and for a spacing between elements of 3 or 27 cm. 
 

 In all cases, the average SNR far from Tx, i.e. between 400 
and 500 m from Tx, is chosen equal to 10 dB for SISO which 
is the reference case. The power feeding either a single 
antenna or an array will be the same to make a fair comparison 
on the performances of the diversity schemes. 

A. Spacing of 6 cm between elements 
Curves in Fig. 6 give the cumulative distribution function 

(cdf) of the SNR deduced from measurements, and considering 
all possible combinations of the Tx and Rx arrays in the 
transverse plane of the tunnel (Section 2) and for all distances 
d. In this case, the spacing between the 2 elements is 6 cm.  

Let us first consider a high value of probability, chosen 
equal to 0.5. For a probability of 0.5, the improvement in 
terms of SNR brought by BSA/BSA compared to SISO is 
about 6 dB. Indeed, for a spacing of 6 cm, the correlation 
between elements is high (Fig. 5) and the gain corresponds to 
the gain of the arrays in free space. For the same reason, SNR 
for BSA/BSA and BSA/MRC are nearly equal (13 dB). Lastly 
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we note that STBC (MIMO) and SC give the same result, one 
eigenvalue of the channel transfer matrix being non negligible. 
If we are now looking at the probability of getting fading, i.e. 
low values of SNR, the conclusion is slightly different. Indeed, 
directive antennas at both ends (BSA/BSA) do not avoid 
simultaneous fading on the elements of the Rx array. For a 
probability of 10-2, BSA/BSA becomes worst than BSA/MRC 
which remains the optimum solution.  

 
Figure 6. Cumulative distribution function of the SNR along the 
tunnel for various diversity schemes and for a spacing of 6 cm 

between the 2 elements of the arrays  
 

B. Spacing of 27cm between elements 
Results for this large spacing, corresponding to 3 λ, are 

given in Fig. 7 and are quite different from those in Fig. 6. 
First we note that BSA/BSA does not improve the SNR 
anymore due to the low correlation between array elements. 
Thus the directivity gain previously obtained with element 
spacing of 6 cm is lost.   

If we compare BSA/MRC and MIMO/STBC, Fig. 7 shows 
that the results are slightly better for the STBC scheme, mainly 
for a probability to get a low SNR, thus for avoiding the effect 
of fading. The symbol error rate (SER) was calculated with a 
Monte Carlo method by introducing in the simulation tool the 
channel transfer functions and by comparing transmitted and 
estimated symbols. The statistics were based on 25 000 
transmitted 16-QAM symbols, leading to a minimum 
detectable symbol of 4 10-4. The average SER along the tunnel 
is given in Table I.  

For an SNR of 10 dB, MIMO/STBC and BSA/MRC give 
nearly the same result as it could be expected from Fig. 7. 
However, for a higher value of SNR, 20 dB in Table I, the 
difference between STBC and MRC becomes more important.  

We are thus now making a parametric study of the SER as a 
function of the mean SNR to draw general conclusion on the 
interest of using in tunnels, MIMO/STBC rather than MRC, 
keeping in mind that the implementation of a receiving 
diversity scheme is easier than for MIMO. 

 
Figure 7. Same as in Fig. 6 but for a spacing of 27 cm between the 2 

elements of the arrays. 
 

Table I. Average SER for an element spacing of 27 cm and an SNR 
normalized to the SISO case of 10 or 20 dB 

SNR SISO BSA/BSA BSA/MRC STBC 
10 dB 4 10-1 2 10-1 6 10-2 5 10-2 

20 dB 6 10-2 9 10-3 5 10-4 10-4 
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square error (RMSE).  

 
Abstract—We investigate the generalized receiver (GR) constructed 
based on the generalized approach to signal processing in noise empl-
oying non-blind beamforming algorithms and direction of arrival 
(DOA) estimation, which is implemented by MIMO wireless comm-
unication systems. Three non-blind beamforming algorithms, namely, 
the least mean square (LMS), the recursive least square (RLS) and 
the sample matrix inverse (SMI) are compared under employment by 
GR. DOA estimation techniques are applied based on multiple signal 
classification (MUSIC) and estimation of signal parameters via rotati-
onal invariance technique (ESPRIT). We suppose several GR structu-
res employing the above mentioned non-blind beamforming algor-
ithms jointly with DOA estimation procedure. Comparative analysis 
of simulation results allows us to conclude that the performance cur-
ves of GR with considered non-blind beamforming algorithms are 
very close to each other. Also, simulation results demonstrate superi-
ority in the output signal-to-interference-plus-noise ratio (SINR) un-
der employment of GR with the discussed non-blind beamforming 
algorithms and DOA estimation in MIMO wireless communication 
systems in comparison with the Neyman-Pearson detector. 
 

I. INTRODUCTION 
ITH the large demand for high data rate applications 
and improved signal quality over wireless channels ma-
ny investigations have been carried out to satisfy the re-

quirements of future wireless communication systems [1], [2]. 
One solution to these problems resides in the use of multiple 
antennas at the transmitter and/or receiver sides referred as the 
multiple-input multiple-output (MIMO) wireless communica-
tion systems. Many proposals within the framework of MIMO 
wireless communication systems have been introduced to imp-
rove the received signal quality and increase the high data rate 
over wireless links. 
   From the viewpoint of signal quality, it is known that the re-
ception of multiple copies of the transmitted data based on 
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employment of multiple antenna wireless communication sys-
tems improves the wireless communication system performan-
ce in comparison with the use of single antenna wireless com-
munication systems. From viewpoint of channel capacity, it 
has been demonstrated that the use of multiple antennas has a 
great potential to increase substantially the data transmission 
rate converting wireless communication system channels from 
narrow to wide data pipes. 
   The problem of beamforming and direction of arrival (DOA) 
of the information signal is a very important problem in the 
MIMO wireless communication systems. In practice, the bea-
mforming techniques are needed to eliminate effects of inter-
ference on MIMO wireless communication system performan-
ce. Adaptive beamforming is the mainstream technique for in-
terference elimination by defining dynamically the optimal 
weight vectors of array antenna elements. Filtering procedures 
are not able to distinguish the desired signal in the noise and 
interference if they occupy the same frequency bandwidth.  
   The sources of desired and interfering signals are usually di-
ffered by spatial locations. The spatial separation can be exp-
loited to distinguish a desired signal in the background of inte-
rfering signals using beamforming as a spatial filtering appro-
ach [3]. Beamforming is a versatile approach for wireless co-
mmunications that is usually applied in antenna array systems 
for spatial filtering to separate signals having overlapping fre-
quency content but originated from difference spatial locati-
ons. Adaptive beamforming is implemented in the case when 
the signal spatial locations are variable. Beamforming is emp-
loyed using different algorithms with the purpose to change 
the weight vectors adaptively with respect to each antenna ar-
ray element. 
   Adaptive beamforming algorithms can be categorized as the 
non-blind and blind algorithms depending on whether the refe-
rence signal is used or not. The non-blind beamforming algor-
ithms update the weight vectors of antenna array to form a de-
sired direction vector based on information about the informa-
tion and reference signals. The least mean square (LMS), the 
recursive least square (RLS), and the sample matrix inverse 
(SMI) algorithms are categorized as the non-blind beamform-
ing algorithms. The constant modulus algorithm (CMA), the 
spectral self-coherence restoral (SCORE), and the decision di-
rected (DD) algorithms are examples of the blind beamform-
ing algorithms. 
   Based on a priori knowledge about the information signal 
the non-blind beamforming algorithms can update the optimal 
weight vector with high accuracy. Therefore, the non-blind be-

Non-blind beamforming and DOA estimation by 
generalized receiver in MIMO wireless 

communication systems 
Jin Gui Liu and Vyacheslav Tuzlukov 

W 

Latest Trends on Communications

ISBN: 978-1-61804-235-4 34



 

 

amforming technique attracts extensive research [4],[5]. When 
a priori knowledge about the direction of arrival (DOA) of the 
information signal is absent the non-blind beamforming tech-
nique is not valid unless the DOA estimation technique is app-
lied. The main idea of DOA estimation technique is to exploit 
the spatial information in the data received by the antenna ar-
ray. The beamforming based on the DOA estimation is a spe-
cial approach to blind beamforming algorithms. 
   A great number of DOA estimation algorithms have been 
developed and categorized into two methods, namely, the con-
ventional and subspace methods. The conventional method ca-
lculates a spatial spectrum and estimates DOAs by local maxi-
ma of the spectrum. Examples of this approach are the Bartlett 
and Capon methods [6]. However these methods suffer from 
lack of angular resolution. Therefore, the high angular resolu-
tion subspace methods such as the multiple signal classificati-
on (MUSIC) and the estimation of signal parameters via rota-
tional invariance technique (ESPRIT) are widely used [7]. 
   The generalized receiver (GR) has been constructed based 
on the generalized approach to signal processing (GASP) in 
noise and discussed in numerous journal and conference pa-
pers and some monographs, namely, in [8]–[26]. GR is consi-
dered as a combination of the correlation detector that is opti-
mal in the Neyman-Pearson criterion sense under detection of 
signals with a priori known parameters and the energy detector 
that is optimal in the Neyman-Pearson criterion sense under 
detection of signals with a priori unknown parameters. The 
main functioning principle of GR is a matching between the 
model signal generated by the local oscillator in GR and the 
information signal by whole range of parameters. In this case, 
the noise component of the GR correlation detector caused by 
interaction between the model signal generated by the local 
oscillator in GR and the input noise and the random compon-
ent of the GR energy detector caused by interaction between 
the energy of incoming information signal and the input noise 
are cancelled in the statistical sense. This GR feature allows us 
to obtain the better detection performance in comparison with 
other classical receivers. 
   In this paper, the GR employment with non-blind beamfor-
ming algorithms and DOA estimation technique in MIMO wi-
reless communication systems is discussed. The simulation re-
sults demonstrate a performance superiority of wireless com-
munication system constructed based on GR and applicability 
of the non-blind beamforming algorithms and DOA estimation 
techniques employed by GR for interference cancellation in 
comparison with wireless communication systems used the co-
nventional detectors with the same non-blind-beamforming al-
gorithms and DOA estimation procedures. 
   The remainder of this paper is organized as follows: the Sec-
tion II presents the main GR functioning principles. The Secti-
on III delivers a description of non-blind beamforming algor-
ithms employed by GR. Implementation of DOA estimation 
algorithm for wireless communications systems employed by 
GR is discussed in Section IV. The simulation results are pre-
sented in Section V. Some conclusions are discussed in Secti-
on VI. 

II. GR FUNCTIONING PRINCIPLES 
   As we mentioned before the GR is constructed in accordan-

ce with GASP in noise [8]–[26]. The GASP introduces an ad-
ditional noise source that does not carry any information about 
the signal with the purpose to improve a qualitative signal de-
tection performance. This additional noise can be considered 
as the reference noise without any information about the signal 
to be detected. 
   The jointly sufficient statistics of the mean and variance of 
the likelihood function is obtained in the case of GASP emplo-
yment, while the classical and modern signal processing theo-
ries can deliver only a sufficient statistics of the mean or vari-
ance of the likelihood function (no the jointly sufficient statis-
tics of the mean and variance of the likelihood function).Thus, 
GASP implementation allows us to obtain more information 
about the input process or received signal. Owing to this fact, 
the receivers constructed based on GASP basis are able to im-
prove the signal detection performance in comparison with ot-
her conventional receivers. 
   The GR consists of three channels (see Fig. 1): the correlati-
on channel (the preliminary filter PF, multipliers 1 and 2, mo-
del signal generator MSG); the autocorrelation channel (PF, 
the additional filter AF, multipliers 3 and 4, summator 1); and 
the compensation channel (the summators 2 and 3 and accum-
ulator 1). 

 
 

Figure 1. Principal flowchart of GR 
 
   As we can see from Fig. 1, under the hypothesis 1H  (a “yes” 
signal), the GD correlation channel generates the signal comp-
onent ][][mod ksks ii

caused by interaction between the model 
signal (the reference signal at the GR MSG output) and the in-
coming information signal and the noise component ×][mod ks

i
    

][kiξ caused by interaction between the model signal ][mod ks
i

 

and the noise ][kiξ (the PF output). Under the hypothesis 1H , 
the GD autocorrelation channel generates the information sig-
nal energy ][2 ksi and the random component ][][ kks ii ξ caused 
by interaction between the information signal ][ksi and the noi-
se ][kiξ .The main purpose of the GD compensation channel is 
to cancel the noise component ][][mod kks ii

ξ of the GD correla-
tion channel and the GD autocorrelation channel random com-
ponent ][][ kks ii ξ based on the same nature of the noise ][kiξ . 
   For description of the GD flowchart we consider the discrete 
-time processes without loss of any generality. Evidently, this 
cancelation is possible only satisfying the condition of equali-
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ty between the signal model ][mod ks
i

and incoming signal 

][ksi over the whole range of parameters. The condition 
][][mod kisks

i
= is the main functioning condition of the GD. 

To satisfy this condition, we are able to define the incoming 
signal parameters. Naturally, in practice, signal parameters are 
random. How we can satisfy the GD main functioning conditi-
on and define the signal parameters in practice if there is no a 
priori information about the signal and there is an uncertainty 
in signal parameters, i.e. information signal parameters are ra-
ndom, is discussed in detail in [8], [9]. 
   Under the hypothesis 0H , a “no” information signal, satisfy-
ing the GD main functioning condition, i.e. ][][mod ksks ii

= , 

we obtain the background noise ][][ 22 kk ii ξη − only at the GD 
output. Additionally, the practical implementation of the GD 
decision statistics requires an estimation of the noise variance 

2
wσ using the reference noise ][kiη at the AF output. AF is the 

reference noise source and the PF bandwidth is matched with 
the bandwidth of the information signal ][ksi to be detected. 
The threshold apparatus (THRA) device defines the GD thre-
shold. 
   PF and AF can be considered as the linear systems, for exa-
mple, as the bandpass filters, with the impulse responses 

][mhPF and ][mhAF , respectively. For simplicity of analysis, 
we assume that these filters have the same amplitude-frequen-
cy characteristics or impulse responses by shape. Moreover, 
the AF central frequency is detuned with respect to the PF ce-
ntral frequency on such a value that the information signal can 
not pass through the AF. Thus, the information signal and noi-
se can be appeared at the PF output and the only noise is appe-
ared at the AF output. If a value of detuning between the AF 
and PF central frequencies is more than sf∆÷ 54 , where sf∆ is 
the signal bandwidth, the processes at the AF and PF outputs 
can be considered as the uncorrelated and independent proces-
ses and, in practice, under this condition, the coefficient of co-
rrelation between PF and AF output processes is not more than 
0.05 that was confirmed by experiment in [27] and [28]. 
   The processes at the AF and PF outputs present the input 
stochastic samples from two independent frequency-time regi-
ons. If the noise ][kw at the PF and AF inputs is Gaussian, the 
noise at PF and AF outputs is Gaussian, too, owing to the fact 
that PF and AF are the linear systems and we believe that the-
se linear systems do not change the statistical parameters of 
the input process. Thus, the AF can be considered as a genera-
tor of reference noise with a priori knowledge a “no” signal 
(the reference noise sample). A detailed discussion of the AF 
and PF can be found in [9], [10]. 
   The noise at the PF and AF outputs can be presented in the 
following form:     
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   Under the hypothesis 1H , the signal at the PF output (see Fig. 

1) can be defined as ][][][ kkskx iii ξ+= , where ][kiξ is the ob-
served noise at the PF output and ][][][ kskhks ii = ; ][khi are the 
channel coefficients indicated here only in general case. Under 
the hypothesis 0H and for all i and k, the process =][kxi      

][kiξ at the PF output is subjected to the complex Gaussian di-
stribution and can be considered as the independent and identi-
cally distributed (i.i.d.) process. The process at the AF output 
is the reference noise ][kiη with the same statistical parameters 
as the noise ][kiξ (we make this assumption for simplicity). 
   The decision statistics at the GD output presented in [8], [9] 
is extended to the case of antenna array employment when an 
adoption of multiple antennas and antenna arrays is effective 
to mitigate the negative attenuation and fading effects. The 
GD decision statistics can be presented in the following form:  
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where [ ] )1(),...,0( −= NxxX is the vector of the random pro-
cess forming at the PF output and GDTHR is the GD detection 
threshold. Under the hypotheses 1H and 0H , and when the amp-
litude of the signal is equal to the amplitude of the model sig-
nal, i.e. ][][mod ksks ii

= , the GD decision statistics )(XGDT ta-
kes the following form, respectively: 
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   In (3) the term s
N
k

M
i i Eks =∑ ∑−

= =

1
0 1

2 ][ corresponds to the ave-
rage signal energy, and the background noise is described by 

the term ∑ ∑∑ ∑ −

= =

−

= =
−

1
0 1

21
0 1

2 ][][ N
k

M
i i

N
k

M
i i kk ξη presents the back-

ground noise at the GD output. The GD background noise is a 
difference between the noise power forming at the PF and AF 
outputs. In the ideal case (equality of noise statistical parame-
ters at the PF and AF outputs), this difference tends to appro-
ach zero in the statistical sense. Practical implementation of 
the GD decision statistics requires an estimation of the noise 
variance 2

wσ using the reference noise at the AF output.  

III. GR NON-BLIND BEAMFORMING 
   Let us consider general definitions. For an antenna array em-
ployed by adaptive beamforming algorithm the instant output 
vector ][kZ is defined as 

                                  ][][][ kkk H XWZ =   ,                          (4) 
where 
        1,,0  ,][,],[],[][ }{ 21 −== NkkXkXkXk M X        (5) 
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is the discrete-time incoming signal vector received by anten-
na array or beamformer input signal; ][kHW is the weight vec-
tor representing a series of discrete-time amplitude and phase 
coefficients that adjust accordingly the amplitude and phase of 
the information signal. The weight vector is updated by varie-
ty of adaptive beamforming algorithms. 
   The non-blind beamforming algorithms are the algorithms 
updating the weight vector based on the reference signal. The 
knowledge about the information signal is required to form a 
beam with the high gain towards the information signal and 
generate nulls towards the interfering signals at the same mo-
ment through the adjustment of the weight vectors. LMS, RLS 
and SMI algorithms are the typical non-blind beamforming al-
gorithms employed by GR for interference cancellation. These 
three algorithms are based on the minimum mean square error 
(MMSE) criterion and have difference characteristics. 
   The main principle of MMSE is to minimize the mean squa-
re error between the beamformer output and the reference sig-
nal to update the weight vectors [29]  

                        
22  ][][][ ][ kkkk H XWde −=  ,                      (6) 

where ][ke is the error vector between the beamformer output 
and reference signal or model signal vector (the MSG output); 
and ][kd is the reference signal vector in the beamformer. Tak-
ing the mathematical expectations of both sides in (6) and ap-
plying some basic algebraic transformations, we obtain 

][][][][][2][][ }{}{ 22 kkkkkkEkE HH WRWrWde +−=  
(7) 

where the covariance matrix ][kR and correlation matrix ][kr  
are given by 

                              }{ ][][][ kkEk HXXR =  ,                         (8) 

                                  }{ [k]][][ dXr kEk =  .                           (9) 

   The MMSE is given by setting the gradient vector of (7) 
with respect to the weight vector ][kW , which is equal to zero 

             0][][2][2][ }{ }{ 2
][ =+−=∇ kkkkEk WRreW  .     (10) 

The solution of (10) can be presented in the following form  

                                ][][][ 1op kkk rRW −=  ,                        (11) 

that is well known as the optimum Wiener solution [29]. 

A. LMS Algorithm 
   General Statements

   Operation of LMS algorithm can be defined by the follow-
ing form [4], [30]:  

. LMS algorithm is an iterative beamfor-
ming algorithm that uses the estimate of gradient vector from 
the available data based on the MMSE criterion and steepest 
descent method. LMS algorithm makes successive corrections 
of the weight vector in the negative direction of the gradient 
vector that should eventually lead to the optimal weight vect-
or. By updating the weight vector that adjusts the phase and 
amplitude of the input signal, respectively, the output signal 
(beamformer output) will be close to the information signal by 
direction. 

                             ][][][ LMS
GR kkk dZe −=∗  ,                         (12) 

                      ][][ ][]1[ kkkk GRZeWW ∗+=+ µ  ,               (13) 

where µ is the step size adjusting the convergence rate of the 
LMS algorithm and ∗ denotes the complex conjugate. The 
LMS algorithm is usually stable under the following conditi-
on ϕµ <<0 , whereϕ is the upper limit of the step size to en-
sure the algorithm stability. 
   As was shown in [6], the upper limit can be given by  

             
max

2
λ

ϕ =     or    
]}[{

22
1

1

ktr

M

i
i R

== ∑
=

−λϕ   ,          (14) 

where iλ is the eigenvalue of the received signal correlation 
matrix, and maxλ is the largest eigenvalue; M is the number of 
antenna array elements or the number of eigenvalues of the 
correlation matrix ][kR ; }{tr means the trace of a matrix.The 
right side in (14) is a more conservation upper limit of the step 
size. 
   The eigenvalue spread of the matrix ][kR is inversely propo-
rtional to the convergence of the LMS algorithm. The widesp-
read eigenvalues of ][kR may cause a slow convergence rate. 
Simultaneously, the variable signal environment leads to un-
stable eigenstructure of ][kR and causes a bad convergence pe-
rformance for a fixed step size. Nowadays, the large number 
of variable step size LMS algorithms has been proposed in 
[30]–[32]. 
   The generic approach is to control the step size by establish 
a function with respect to the mean squared error (MSE) at the 
beamformer output. The step size is increased when there is a 
large error, and the stable beamformer with a small error sho-
uld decrease the step size. Another variable step size algorithm 
based on the signal-to-noise ratio (SNR) was proposed in [33]. 
This approach uses the antenna subarray elements to estimate 
a rough value of SNR. Based on defined SNR, a relational ex-
pression with the step size can be established. 
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µ

µ
µ  

(15) 

where maxµ and minµ are the maximum and minimum step siz-
es; maxSNR and minSNR are the limited maximal and minimal 
SNR defined at maxµ and minµ , respectively, with the purpose 
to keep a stable convergence performance; )(SNRf  is a func-
tion of SNR to control the step size adaptively. This function is 
a decreasing function since small step size is suitable for the 
large SNR . This variable step size algorithm based on SNR is 
available in the case when the information signal is changeab-
le and possesses a good convergence performance. 

   GR with LMS Beamformer. In the case when there are inte-
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rfering signals jointly with the received signal at the GR input, 
the LMS algorithm can be used at the GR output to cancel the 
interference. The structure of GR with LMS beamformer is 
shown in Fig.2. LMS beamformer cancels the interference co-
mponent at the GR output using the model signal generated by 
GR MSG. 

 
 

Figure 2. GR with LMS beamformer 
 
   Process forming at the GR output when the interference is 
taken into consideration is given by 

GRZ  

}{
1

0 1

222
mod ][][][][][2][][∑∑

−

= =

−+−−=
N

k

M

i
iiiiii kkkIkkIksks

i
ξηξ  , 

(16) 

where ][kIi is the interfering signal, ][2 kIi is the interfering sig-

nal energy. The term ][][][2 2 kIkkI iii −− ξ in (16) indicates an 
interaction between the interference and noise that deteriorates 
the GR performance. 
   In GR with LMS beamformer, the reference signal of LMS 
beamforming algorithm ][][ 2

mod kk Sd = should be equivalent to 
the squared model signal at the GR MSG output due to the 
fact that the energy of the information signal is formed at the 
GR output. According to (4), (12), and (13), we can write 

                                      ][][ 2
mod kk Sd =  ;                             (17) 

                             ][][][ GR
LMS
GR kkk H ZWZ =  ;                   (18) 

                        ][][][][ 2
modGR kkkk H SZWe −=∗  ;              (19) 

                       ][][ ][]1[ GR kkkk ZeWW ∗+=+ µ  .              (20) 

Thus, the process forming at the GR output with LMS beam-
former takes the form  

∑
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=
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0
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H kk ZWZ  
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H
GR kkk ZWW µ  

                   ]}[]}1[]}1[2
mod kkk GR

H
GR ZZS −−− .               (21) 

   The optimal weight vector obtained at the sample size 1−k  
can be presented as 

     ]1[]1[][][][]1[ 11 −−===− −− kkkkkk ρρWW RR  ,       (22) 

where ][][][ GRGR kkk HZZ=R is the autocorrelation matrix of 
the decision test statistics GRZ at the GR output, and =][kρ       

][][][][ GR
2
modGR kkkk dZSZ = is the correlation matrix betwe-

en the decision statistics at the GR output and the LMS refere-
nce signal, respectively. Equation (22) is satisfied under the 
condition that the received signal is not varied from 1−k to k 
samples, i.e. ]1[][ GRGR −= kk ZZ . 
   Substituting (22) into (21), we obtain 
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N

k
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k
kk SS  .                      (23) 

Therefore, we can see that the interference plus noise compo-
nent in (16) is cancelled by the LMS beamformer and finally 
the GR output with LMS beamformer can be approximated by 
the decision test statistics defined in (3). 

B. RLS Algorithm 
   General Statements.

][kR
 The convergence of the LMS algorithm 

depends on the eigenvalue of the correlation matrix .If the 
correlation matrix ][kR has a wide range of eigenvalues, the al-
gorithm converges slowly. The RLS algorithm is one of set of 
the algorithms that can improve the convergence performance 
by updating the weight vector based on MMSE criterion and 
Newton’s method. The Newton’s method is known as the gra-
dient search method used to define the optimal weight vector 
by searching the performance surface which is defined with 
respect to an independent parameter [34]. This parameter is 
usually specified to be the MSE between the output and input 
in the adaptive signal processing area. 
   The common feature between the steepest descent method 
and the Newton’s method is that both of them are the gradient 
searching methods and approach a direction of the optimal we-
ight value by searching the performance surface. Newton’s 
method updates the direction of searching in such a way that it 
points to the optimal weight vector forever, while the steepest 
descent indicates a negative direction of the gradient vector. 
Because of this, the RLS algorithm exhibits extremely fast co-
nvergence compared with LMS algorithm. However, this be-
nefit leads us to increasing the computational cost. 
   RLS is realized by replacing the step gradient size µ in (23) 

by the gain matrix ][1 k−R which is the inverse with respect to 
the matrix ][kR . Thus, the recursive equation for updating the 
weight vector can be defined as [29]  
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                    ][][][][]1[ 1 kkkkk SeWW ∗−+=+ R                  (24) 

where ][kR is given by 

       ∑
=

−=+−=
k

j

HjkH jjkkkk
0

][][][][]1[][ SSSS γγRR ,      (25) 

where γ is called the forgetting factor and intended to ensure 
that the data in the distant past are forgotten in order to allow 
the beamformer to follow the statistical variations of the obse-
rvation data. The forgetting factor γ is a positive constant that 
should be chosen within the limits of the interval 10 ≤< γ . 
   We obtain the following recursive equation 

           }{ ]1[][][]1[][ 1111 −−−= −−−− kkkkk RRR Sqγ ,        (26) 

using the Woodbury identity [29] with the purpose to derive 
an inverse of the covariance matrix ][kR , where ][kq is the ga-
in vector that can be calculated as [35]  

         ][][
][]1[][1

][]1[][ 1
11

11
kk

kkk
kkk H S

SS
Sq −

−−

−−

=
−+

−
= R

R
R

γ
γ  .      (27) 

Thus, (24) can be rewritten as 

                        ][][][]1[ kkkk ∗+=+ eqWW  .                     (28) 

 
 

Figure 3. GR with RLS beamformer 

GR with RLS Beamformer

][kS

. The structure of GR employing 
RLS algorithm is presented in Fig. 3. Similar to the case of 
LMS algorithm, the RLS beamformer is applied at the GR out-
put for interference cancellation. The beamformer input  
given by (24)–(27) can be considered as the GR output 

][GR kZ . Simultaneously, the error in (28) is defined by (18) 
because the reference signal is the squared model signal 

][2
mod kS generated by the GR MSG. Thus, the process at the 

GR output under employment of the RLS beamformer can be 
presented in the following form: 

∑
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           ][]1[][]1[ GR
2
modGR }}{ kkkk HH ZSZW −−−×  ,        (29) 

where the gain vector ][kq is defined by the GR output ][GR kZ  

(see (27)) and the inverse matrix ][1 k−R is obtained based on 
(26). Similar to (22) and (23), we can find that the interference 
plus noise component in (16) can be suppressed by the RLS 
beamformer and the final GR output with RLS beamformer is 

close to the information signal energy ∑ −

=

1
0

2 ][N
k

ks . 

C. SMI Algorithm 
General Statements.

][kR

 SMI algorithm is another technique to 
improve the convergence performance when the eigenvalues 
of the correlation matrix are widespread. The main prin-
ciple of SMI algorithm is to inverse the sample matrix directly 
to obtain the optimal weight vector. In practice, the signals are 
unknown and the environment changes frequently. Thus, a 
block adaptive approach updating the weight vector to define 
new requirements imposed by varying conditions can be used 
to deliver a better performance in comparison with continuous 
approach [36]. 

The stability of the SMI algorithm depends on the ability to 
invert the correlation matrix ][kR that may leads to computati-
onal complexities which are not easily overcome. However, 
SMI algorithm is a good choice in the case when high require-
ments of convergence performance are needed under the dis-
continuous varying environment. If a priori knowledge about 
information signal parameters is known the optimum weights 
can be determined directly based on the Wiener solution of 
(11). This approach is just the SMI algorithm or, namely, the 
direct matrix inverse (DMI). 

When the input signal parameters are varied, the received 
data can be divided into several blocks that have stable spatial 
information and the optimal weights can be defined based on 
these blocks. This method is called the block adaptive method 
[36]. The block adaptive method updates the weight vector pe-
riodically by obtaining estimations of the covariance matrix 

][kR and correlation matrix ][kρ within the limits of the block 
size 12 LL − considered as the observation interval. The estima-
tions can be presented in the following form: 
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                          (30) 

Then, the weight vector can be estimated by the Wiener so-
lution within the limits of the observation interval 12 NN −  

                                 ρW ˆ ˆˆ 1opt
12

−
− =RLL  .                                (31) 

Latest Trends on Communications

ISBN: 978-1-61804-235-4 39



 

 

SMI algorithm has the best convergence performance [29].Ho-
wever, it is not the best algorithm due to the limitations in co-
mputational complexity. 

   GR with SMI Beamformer. 

][GR lZ

As we stated before, the SMI 
algorithm can also be applied under the GR employment. Fi-
gure 4 presents the GR flowchart with SMI beamformer. The 
beamformer input in (30) is the GR output , and the es-
timation correlation matrix ρ̂ based on (17) and (30) can be 
written in the following form: 

                           ∑
=

=
2

1

][][ˆ GR
2
mod

N

Nl
ll ZSρ  .                             (32) 

 
 

Figure 4. GR with SMI beamformer 
 
Taking into consideration (16) and (31) we can write: 
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==

− ==
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modGR
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H ll SZρR  .              (33) 

The error information is not used to update the weight vectors 
for this structure. This is the main difference between the SMI 
beamformer and the LMS and RLS adaptive beamformers.The 
observation interval 12 LL − is used to provide a periodical de-
termination of the weights if a nonstationary environment is 
anticipated. 

IV. DOA ESTIMATION BY GR 
   DOA is an important parameter in the array signal process-
ing. For smart antenna system, for example, in the wireless 
mobile communications, the DOA of signal is required for be-
amforming technique to form a beam in desired direction tak-
ing into account the multipath signal components.By this way, 
the signal-to-interference-plus-noise ratio (SINR) is improved 
by producing nulls towards the interfering signals. 
   In practice, DOA is usually unknown and should be estima-
ted a priori based on the spatial information in the data receiv-
ed by antenna array. The performance of DOA estimation al-
gorithm depends on many parameters such as the number of 
signals and their spatial distribution, the number of array ele-
ments and their spatial distance, the SINR, etc. The subspace 

algorithms, such as MUSIC and ESPRIT, are widely used and 
recognized as the effective estimation algorithms under differ-
ent conditions. 
   The main idea of the subspace algorithms is to estimate the 
DOA by utilizing the characteristics of the noise and signal su-
bspace derived from eigenvalue decomposition. Here, MUSIC 
and ESPRIT algorithms are employed by GR for DOA estima-
tion. The GR flowchart with the DOA estimator is shown in 
Fig. 5. The DOA of signal is estimated at the PF output and is 
provided to the GR MSG with the purpose to generate the mo-
del signal. 

 
 

Figure 5. GR with DOA estimator 

A. MUSIC Algorithm 
   MUSIC algorithm is a high angular resolution technique for 
DOA estimation based on the eigenstructure of input covarian-
ce matrix and the decomposition of covariance matrix into two 
orthogonal matrices, i.e. the signal subspace and noise subspa-
ce. The main principle of MUSIC algorithm is to estimate the 
DOA by exploiting the orthogonal feature between the noise 
subspace and the signal subspace when the number of signals 
is less than the number of antenna array elements and the noi-
se in each channel is uncorrelated and independent. The high 
resolution of MUSIC algorithm depends on the accuracy of ar-
ray and requires a precise calibration of array. 
   The uniform linear array (ULA) is applied as an example to 
illustrate the algorithm procedure. If N is the number of sig-
nals, M is the number of antenna array elements, as shown in 
[7], the array covariance matrix can be determined in the follo-
wing form 

                              IAARR 2
w

H
XXZZ σ+=  ,                      (34) 

where 2
wσ is the noise variance, I is the MM × identity matrix; 

A is the NM × antenna array steering matrix or antenna array 
manifold 

                         ][ )(,),(),( 21 Nθθθ sssA =  ;                      (35) 

XXR is the NN × received signal correlation matrix within the 
limit of the considered interval ]1,0[ −N  

                                     H
XX XXR =  ,                                 (36) 

where T
N kxkxkx }{ ][,],[],[ 21 =X is the received discrete-ti-
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me signal matrix and Nθθθ ,,, 21  denote the signal angles, T 
denotes the transpose matrix. 
   By the eigenvalue decomposition, the signal correlation ma-
trix XXR has N eigenvalues and eigenvectors associated with 
signals and NM − eigenvalues and eigenvectors associated 
with the noise, respectively. Thus, the noise and signal eigen-
vector subspaces can be determined as 
                            ][ 21 NMW −= vvvV    ;                           (37) 

                             ][ 1 MNMX vvV +−=   .                         (38) 

Therefore, we can obtain the DOA, i.e. Nθθθ ,,, 21  , by proje-
cting the array steering vector )(mod θS onto WV for all values 
ofθ , and then the N values ofθ can be found if the projection 
is zero [7] 

                   1,1,0      , 0)(
2

−== NnWn
H

Vs θ                (39) 

where 2
 is the square of two matrix norms. 

   Obviously, the steering vector )( nθs of an arbitrary incident 
signal is orthogonal to the noise subspace. Thus, the MUSIC 
pseudo spectrum can be given by [7]  

                      
 )()( 

1)(MUSIC
θθ

θ
sVVs H

WW
H

G =   ,               (40) 

where means the absolute value. By this way, the DOA of 
the signal can be estimated by searching the spectrum peak in 
the angular spectrum produced by (40). For GR with DOA es-
timator, the DOA of the desired signal is provided by MUSIC 
algorithm applied to GR MSG with the purpose to generate 
the model signal (see Fig. 5). 

B. ESPIRIT Algorithm 
   The MUSIC algorithm involves an exhaustive search thro-
ugh all possible steering vectors to estimate the DOA with 
high computational complexity. ESPRIT is a subspace DOA 
estimation algorithm that can greatly reduce the computational 
cost and storage requirements [7].The main principle of 
ESPRIT algorithm is to divide the original antenna array into 
two subarrays with a translation invariance structure, and then 
a difference of the signal subspaces spanned by the data vect-
ors associated with the subarrays will only be a rotational in-
variance factor containing the DOA information, which is exp-
loited for the DOA estimation [37]. 
   Consider ULA consisting of M elements. Two identical an-
tenna subarrays have i elements that Mi < for antenna subar-
rays that are not overlap Mi =2 . The number of signals N is 
less than M. As was shown in [7], [37], the received data vec-
tors of two antenna subarrays at the same instant of time are 
given by 

                                     111 WXAZ +=  ,                             (41) 

                        21222 WΦXAWXAZ +=+=  ,                (42) 

              }{ ]sinexp[]sinexp[ 1 Ndjdjdiag θνθν =Φ  ,    (43) 

where 1Z and 2Z are the 1×i received data vectors of antenna 
subarrays; 1A and 2A are Ni × subarray manifold; 1W and 2W  
are the 1×i noise signal vectors of the subarrays; d is the dista-
nce between the antenna array elements; andν is the wave nu-
mber. Based on (41)–(43) we can see that there is only a phase 
difference ]sinexp[ Ndj θν between the received signals of two 
antenna subarrays, which is defined as rotational invariance. 
Thus, if we know the diagonal matrixΦ given by (43) we can 
then estimate the target signal DOA. 
   Combining two data vectors (41) and (42) to form the comp-
lete received data vector of ULA, we obtain 
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.          (44) 

The covariance matrix in (44) has N eigenvectors associated 
with signals and Ni −2 eigenvectors associated with the noise. 
The subspace spanned by the column vectors of antenna array 
manifold and the signal subspace are orthogonal to the noise 
subspace, and the antenna array manifold is a full column rank 
matrix. By the uniqueness of orthogonal space, the subspace 
spanned by the column vectors of antenna array manifold is 
the same as the signal subspace. Thus, a unique NN × nonsin-
gular matrix T satisfies the following equation 
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1
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X  ,        (45) 

where XV is the signal subspace;
1XV and

2XV are the signal 
subspaces of the antenna sub arrays. 
   Then we can find that 

                                      ΨVV
12 XX =  ,                               (46) 

where Ψ is the rotational matrix given by 

                                        ΦTTΨ 1−=  .                               (47) 

Equation (47) is considered as an eigenvalue decomposition of 
the rotational matrixΨ . If we know the matrix ,Ψ we can obt- 
ain the matrixΦ and enable to estimate the DOA of each sig-
nal. 
   The least square (LS) and the total least square (TLS) meth-
ods are commonly used to obtain the rotational matrixΨ . Bas-
ed on these two methods, there are two ESPRIT algorithms, 
i.e. LS-ESPRIT algorithm and TLS-ESPRIT algorithm. After 
obtaining the matrixΨ the eigenvalues Ψλ can be defined and 
equal to the diagonal elements of the matrix such that 
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. ]sinexp[ 
 

, ]sinexp[ 11

Njvd

jvd
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Ψ
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                        (48) 

Then we can estimate DOA using the following equation  

                                



= −

vd
)arg(sin 1 Ψλθ  .                           (49) 

Latest Trends on Communications

ISBN: 978-1-61804-235-4 41



 

 

   The ESPRIT DOA estimation algorithm does not require 
scanning over all possible directions. Because of this, the 
DOA of signal can be obtained without high computational ef-
forts and large size of memory by the ESPRIT algorithm. Ho-
wever, there is a requirement about the array structure, for ex-
ample, the antenna array should have at least two identical an-
tenna subarrays. 

V. SIMULATION AND DISCUSSION 
   Under simulation, we consider the antenna with ULA 8 ele-
ments and half signal wavelength distance. There are three in-
cident signals. The first signal is the information signal arriv-
ing at ,10 the second and third signals are interfering signals 
arriving at 60− and ,60 respectively. These angles may be as-
sumed to be unknown and estimated by DOA estimation 
algorithms. The interference-to-noise ratio (INR) is kept const-
ant and equal to dB 5 . All signals are set as Gaussian random 
sequences with zero mean. 
   We compare GR and correlation receiver that is optimal in 
the Neyman-Pearson sense (NP receiver) by performance und-
er identical input conditions. Figure 6 shows a comparison of 

 
 

Figure 6. GR and NP receiver outputs; no interference 
 
GR and NP receiver output signal modulus when there are no 
interfering signals and the input SNR is equal to dB 01 . The 
sample size N is equal to 10000. As follows from Fig. 6, the 
advantage of GR over NP receiver is evident. The output SNRs 
for GR and NP receiver are approximately equal to 3.52 dB 
and dB 4.2− . 
   Comparison of the output SNR versus the input SNR for GR 
and NP receiver is presented in Fig. 7. As was discuss in [8]– 

 
 

Figure 7. The output SNR versus the input SNR for GR and NP 
receiver; no interference 

[14], we can see when SNR is approximately less than dB 1− , 
the GR performance is low in comparison with the NP receiv-
er one. Owing to selection of input conditions, this case does 
not correspond to receiver performance employed in practice 
because the probability of detection in this case is less than 0.1 
and this is not practical case. In practice, the GR overcomes 
NP receiver by detection performance [15]–[26]. 
   If the DOA of incident signals is unknown, the MUSIC and 
ESPRIT algorithm are employed for DOA estimation. Two in-
terfering signals are considered and the DOA of all signals is 
estimated by two algorithms. The MUSIC angular spectrum 
and the estimated DOA of signals by ESPRIT algorithm are 
shown in Fig. 8 at the input dB 5=SNR . Both algorithms have 
good resolution for DOA estimation. 

 
 

Figure 8. The estimated DOA of signals: dB 5=SNR  
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Figure 9. RMSE versus the input SNR 
 
For details of performance analysis, the root-mean square er-
ror (RMSE) criterion [38] 
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can be employed to assess and compare the DOA estimation 
of different algorithms, where N is the sample size, M is the 
number of incident signals, iθ is the ith DOA and ik ,θ̂ denotes 
the ith estimated DOA in the kth experiment. The RMSE ver-
sus the input SNR is demonstrated in Fig. 9. We see that the 
MUSIC algorithm has a higher resolution in comparison with 
ESPRIT algorithm at the low SNR values. At the high SNR, a 
difference between MUSIC and ESPRIT algorithms is negligi-
ble and both algorithms can be employed by GR in MIMO wi-
reless communication system to generate the model signal in a 
general case. 

 
 

Figure 10. GR array pattern with non-blind beamforming 
 
   Knowledge of signal DOA gives us an opportunity to emp-
loy the non-blind beamforming algorithms such as LMS, RLS, 
and SMI based on the reference signal generated by GR MSG. 
In the course of simulation, the forgetting factor of RLS is set 
equal to 0.99 and the block observation interval of SMI algor-

ithm is ]1,0[ −N . The step size in LMS algorithm is chosen by 
(14) applying the variable step size approach based on SNR.  
   Figure 10 presents the antenna array pattern at the GR output 
with non-blind beamformer when the SINR is equal to 10 dB. 
At the target return signal direction equal to ,10 the beamfor-
mer can form a high gain. The nulls in the array pattern denote 
the direction of vectors of the interfering components owing to 
the GR processing. 

 
 

Figure 11. The output SINR versus the input SINR 
 

   The output SINR as a function of the input SINR for GR and 
NP receiver with and without the LMS beamformer is presen-
ted in Fig.11. As we can see, a superiority of GR with non-
blind beamforming algorithms in comparison with NP receiver 
is evident. Additionally, Fig. 11 presents the performance of 
interference cancellation by GR with non-blind beamforming 
algorithms in the term of the output SINR versus the input 
SINR. RLS and SMI algorithms have the better performance 
under interference cancelation in comparison with LMS algo-
rithm. 

 
 
Figure 12. GR output with interfering signals: a) without beamformer 

and b) with beamformer 
 
   Figure 12 shows the GR output without LMS beamformer, 
Fig. 12a, and with LMS beamformer, Fig. 12b, when the inter-
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fering signals are present and the SINR is equal to dB 5 . The 
output SNR of GR with LMS beamformer is dB 98.13 while 
the output SNR of GR without LMS beamformer is dB 94.1 . 

 
 

Figure 13. NP receiver output with interfering signals: a) without 
beamformer and b) with beamformer 

 
   Figure 13 presents the NP receiver output without LMS bea-
mformer, Fig. 13a, and with LMS beamformer, Fig. 13b, when 
the interfering signals are present and the SINR is equal to 5dB 
The output SNR of NP receiver with LMS beamformer is equ-
al to dB 98.3 and the output SNR of NP receiver without LMS 
beamformer is dB 11.2− . Under comparison of Figs.12 and 13, 
the advantage of GR with LMS beamformer over the NP rece-
iver with LMS beamformer is evident. 

VI. CONCLUSIONS 
The GR with non-blind beamforming algorithms, namely, 

LMS, RLS, and SMI algorithms and DOA estimation proce-
dures is investigated. LMS, RLS and SMI non-beamforming 
algorithms are employed by GR with the purpose to cancel 
interference. MUSIC and ESPRIT algorithms are subspace 
DOA estimation algorithms employed by GR to provide the 
GR MSG output with the required DOA information. Compa-
rative analysis is carried out between the NP receiver and GR 
under the same initial conditions and demonstrates an applica-
bility of the proposed non-blind beamforming and DOA esti-
mation algorithms in GR that allows us to cancel interference. 
A great superiority of GR employment in MIMO wireless co-
mmunication systems is evident under comparison between 
the GR and NP receiver in terms of the output SNR. 
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Abstract—The paper deals with a parameterized model for 

simulation of packet transmission on atmospheric Free-Space Optical 
(FSO) links. Due to the effect of atmospheric turbulence the channel 
is characterized by signal fluctuations in the order of tens of 
milliseconds. For moderate transmission rates the FSO channel can 
be simply modeled as a channel with slowly varying random 
attenuation, which is generated by the proposed model by means of 
low-pass filtering a random number sequence. The probability of 
occurrence of errors in each packet can be computed using analytical 
formulae based on the generated signal level and noise performance 
of the receiver. The model shows a good agreement with measured 
data. It has been implemented into the OMNeT++ simulator. 
 

Keywords—Atmospheric turbulence, data transmission, free-
space optical links, Monte-Carlo simulation, network simulation. 

I. INTRODUCTION 
HE technology of point-to-point Free-Space Optical 
(FSO) links consists in transmitting information by means 

of narrow light beams in space or in the atmosphere. At 
present, terrestrial systems of up to gigabit capacity with a 
range of up to several kilometers are commercially available. 
The majority of the links are designed as simple protocol-
independent repeaters with ON-OFF keying (OOK). Other 
types (ground-space, mobile, aerial, e.g.) are still in 
experimental stage [1]. The development of terrestrial FSO 
systems towards higher data rates, better reliability and 
network performance requires abandoning the simple repeater 
design. A number of nontrivial communication techniques 
based on detailed analyses of the atmospheric channel have 
been proposed (see [2] for a comprehensive review). 

The atmosphere causes long outages due to the occurrence 
of fog, heavy rain and snow, and relatively short outages on 
the millisecond scale due to atmospheric turbulence. The long 
outages determine the link availability which also depends on 
the value of the fade margin [3], [4]. 

Long-range terrestrial links with a tight power budget are, 
in addition, influenced by atmospheric turbulence. 
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Inhomogeneity in the atmosphere causes power fluctuations at 
the receiver on the millisecond time scale for static terminals. 
These short outages interfere with communication protocols. 

A general theory of turbulence can be found in the classical 
book [5]. A number of studies have shown suboptimal 
performance of the TCP, the most popular transport-layer 
protocol, over the turbulent channel. The TCP congestion-
avoidance mechanism misinterprets the short fades, which 
results in decreased data rates (see e.g. [6]). Therefore a 
number of FEC coding schemes, diversity techniques, or link-
layer protocols have been proposed to mitigate the fades [2], 
[8]. 

The analysis of the performance of communication 
protocols is usually based on statistical models, which are 
powerful tools when it is possible to describe the protocol 
analytically or in the form of Markov process. Paper [7] 
analyzes the performance of TCP over the turbulent 
atmospheric optical channel using a two-state continuous-time 
Markov process, where the durations of “good” and “outage” 
states were modeled by exponential distribution. In [6] a 3D 
Markov model is used to analyze various flavors of TCP, 
including the exponential back-off. 

On the other hand, in cases when a simple solvable model 
cannot be formulated, the time-domain (Monte-Carlo) 
simulation can be used for protocols of any complexity at the 
expense of computational cost. Multivalued Markov models 
[7], [10] provide discrete power levels, which may not be 
suitable for short-term BER calculation. Moreover, there is no 
clear link to the FSO design parameters. Paper [9] proposes a 
channel model in terms of a pair of stochastic differential 
equations which can be numerically evolved in time to 
produce continuous-value time records of faded optical 
intensities. However, the parameters of the model can only be 
identified from measured time series. A feasible method for 
generating scintillations was proposed in [12]. A Gaussian 
random number generator with a suitable low-pass filter 
simulates the fluctuating received optical power. 

This paper presents a fully parameterized model simulating 
packet transmission in IM/DD FSO systems over a turbulent 
channel by means of generating random power levels of 
received signal. It is based on the assumption that the packet 
duration is shorter by orders of magnitude than the channel 
correlation time. Then it is possible to calculate directly the 
short-time BER and the probability of successful packet 
transmission. The model has been experimentally 
implemented in the OMNeT++ network simulator. 

Section 2 explains the model and Section 3 presents a 
comparison between measured and simulated data. 

Model of FSO Path for Network Simulation 
Zdenek Kolka, Viera Biolkova, and Dalibor Biolek 
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II. SIMULATION MODEL 

A. Received Power 
Let us consider the point-to-point FSO terrestrial link in 

Fig. 1. 

 
Fig. 1 Point-to-point FSO link configuration 

With respect to the supposed channel linearity the mean 
received optical power pm,RX can be expressed as 

 TATMFSLTXmRXm aaapp ,, = . (1) 

To avoid unnecessary complexity of the model, both the 
transmitted pm,TX and the received pm,RX mean optical powers 
are related to the transmitting and receiving apertures, 
respectively. 

Let us assume the diameter of the optical beam at the 
receiver is large enough for the whole receiving aperture to be 
uniformly irradiated. Then the free space propagation 
coefficient aFSL at the beam center can be simply expressed as 

 
2









=

L
Da
TXe

RX
FSL θ

, (2) 

where L is the path length, DRX is the receiver aperture 
diameter, and θTXe is the divergence full angle of the 
equivalent beam with uniform distribution of irradiance. For 
an ideal top-hat beam, θTXe represents its divergence full angle. 
For the Gaussian beam 2/GaussTXe θθ = . 

Transmission coefficient aATM represents the atmospheric 
attenuation caused by absorption and scattering, which 
increases significantly during fog, rain, and snowfall, and may 
cause a long outage. It is a very slow process, which 
determines the overall link availability [3], [4]. For the 
purpose of network simulation the coefficient can be regarded 
as a constant. 

 
Fig. 2 Short-time mean optical power for ON-OFF keying 

The term aT represents the effect of atmospheric turbulence, 
which just redistributes energy in the beam with no loss. 

Because the receiving aperture is smaller than the beam cross-
section, the received power fluctuates. 

Considering the ON-OFF keying with transmission rates of 
100Mb/s and above the duration of one bit is several orders of 
magnitude shorter than the turbulence “period”, i.e. the 
channel coherence time. The mean powers in (1) are computed 
over a sufficient number of bit periods, which is still shorter 
that the channel coherence time. Therefore pm,TX and pm,RX 
represent short-time mean powers which fluctuate randomly 
due to atmospheric turbulence, see Fig. 2. 

B. Short-time bit error probability 
With the above assumption on data rate, the optical 

atmospheric channel can be modeled by a slowly varying 
“short-time” bit error rate, which can be considered constant 
during a packet transmission [14]. 

For ON-OFF keying with equal probability of symbols “0” 
and “1” the short-time BER is 

 )/( , NRXmb PpQP = , (3) 

where PN characterizes the equivalent optical noise properties 
of the whole receiver and Q is the standard Gaussian tail 
integral. The simplified formula was derived for AC-coupled 
photodiode and ignores the signal-induced shot noise. 

In many cases a threshold optical power level pm0 for a 
given Pb0 is specified (e.g. for Pb0 = 10-9 or Pb0 = 10-12). 
Considering (3) the noise floor PN is 
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where F-1 is the normal inverse cumulative distribution 
function. 

Alternatively to (1) the received power can be expressed as 

 0, mTRXm paMp = , (5) 

where M is the link fade margin characterizing the allowable 
fade depth. Combining (3) - (5) the short-time BER is then 

 ( ))( 0
1

bTb PFaMQP −−=  . (6) 

In the case of a simple frame-level FEC coding the 
transmitted frame of n bits will be lost (or “erased”) with the 
probability 
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given by the binomial distribution as the bit errors are 
independent. NFEC is the acceptable number of errors in the 
frame. For links without FEC, NFEC = 0. 

C. Atmospheric turbulence 
Atmospheric turbulence is represented by randomly varying 

coefficient aT in (1) with unity mean and variance 2
Tσ , which 

characterizes the depth of scintillations and is called the Power 
Scintillation Index (PSI). Weak turbulence is characterized by 
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12 <Tσ , while 12 >Tσ  for strong turbulence. 
For realistic aperture size the received power statistics can 

be approximated by lognormal distribution [15] due to the 
effect of averaging. Therefore aT will be characterized by the 
lognormal PDF 
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where σL is the log variance related to PSI as 

 )1ln( 22 += TL σσ . (9) 

The log amplitude of scintillation (ln aT) can be represented 
by a random process with autocorrelation function 

 ( )b
a aR

T 0ln exp)( τττ −= , (10) 

with a = 1/2, b = 1 for Gauss-Markov process [11] or with 
a = 1, b = 2 [12]. The channel correlation time τ0 is inversely 
proportional to the transversal wind speed [5], see Fig. 1. 

 
Fig. 3 Generation of samples of random coefficient aT 

Random process with prescribed autocorrelation function 
(or PSD) can be generated by linear filtering a spectrally white 
zero-mean Gaussian distributed random sequence zi. The 
colored signal xi is then subject to a zero memory, nonlinear 
transformation 

 ( )2/exp 2
LiTi xa σ−=  (11) 

in order to produce samples aTi with exponential PDF (8), 
[13], see Fig. 3. 

The linear filter in Fig. 3 can be advantageously realized as 
a FIR filter with causal impulse response 

 [ ])(ln NktRh sak T
−=  for k = 0, ..., 2N, (12) 

where ts is the sampling period and (2N + 1) represents the 
number of samples to characterize the autocorrelation function 
(10). A possible choice of sampling period is ts = τ0 /5 [12]. 
The number of samples is chosen 1)(ln <<sa tNR

T
 so that the 

truncation error is negligible. 
Let us suppose the filter is supplied by uncorrelated random 

numbers zi with variance 2
Gσ  from the RND block. After an 

initial transient of 2N + 1 samples, each xi is given as a sum of 
2N + 1 normal random numbers weighted by hk. Therefore the 
log variance (of xi) will be 

 ∑
−

=

=
1

0

222
N

k
kGL hσσ . (13) 

D. Event-driven simulation 
The simulation in OMNeT++ (or other network simulators) 

is event-driven, i.e. the model procedure is “woken up” at the 
time of packet transmission while the generating process in 
Fig. 3 works with equidistant sampling. 

 
Fig. 4 Generating aTi in event-driven environment 

The 2N + 1 random numbers zi, which are used to compute 
the response of FIR filter, are held in a circular buffer. To 
compute a new value of zi, one random number is written to 
the head of the buffer and the indices are updated. 

When an event occurs, say the (n-1)th in Fig. 4, the instant 
attenuation aT is linearly interpolated from two adjacent 
samples of aTi. At the occurrence of the next event, the 
generating process from Fig. 3 has to advance from time tn-1 to 
tn. If 

 snn tNtt )12(1 +<− − , (14) 

an appropriate number of zi is updated in the circular buffer to 
calculate aT(j-1) and aTj. For a longer interval than (2M + 1) ts 
the buffer is simply reinitialized as aT(tn-1), and aT(tn) are 
treated as uncorrelated due to the finite representation of (10). 

III. REAL AND SIMULATED DATA 
Data for the model evaluation at the weak turbulence 

scenario was obtained from an experimental link with the 
following parameters: λ = 1550nm, L = 500m, D = 25mm, 
R = 125Mbs [16]. The sampling frequency was 10 kHz with a 
2 kHz anti-aliasing filter. The calculated power scintillation 
index was 2

Tσ  = 0.12, which corresponds to weak turbulence. 
Fig. 5 shows the normalized autocorrelation function of 

measured and generated signals aT. The best fit was obtained 
for τ0 = 2.5 ms, a = 0.5, b = 1.4 in (10). The figure shows that 
the autocorrelation function of generated signal decays quickly 
in comparison with real data. The good agreement is 
confirmed by comparing PSD of both signals in Fig. 6. 

 
Fig. 5 Normalized autocorrelation function of aT 
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Fig. 6 Power spectral density of aT 

The FIR filter was designed using N = 32 and ts = τ0/5 in 
(12). The procedure used assures the same PSI of the 
generated aT. The time domain properties, which are relevant 
to communication protocol modeling, are demonstrated in 
Fig. 7. The channel-bad-time represents a continuous interval 
where aT < athr. 

 
Fig. 7 Complementary cumulative distribution function of channel-bad-times 

Fig. 8 shows a simulation of average packet error rate on a 
20s interval for measured and generated received signals. The 
simulation was performed for a 1Gbs Ethernet link (NFEC = 0) 
transmitting maximum-length packets. The threshold bit-error 
rate used in (6) was Pb0 = 10-12 for pm0 = -30dBm (SFP module 
with all-optical frontend). The link margin M represents the 
average received power above pm0 in turbulence-free 
environment. 

 
Fig. 8 Packet error rate as function of link margin M 

IV. CONCLUSION 
The paper presents a fully parameterized simple model for 

simulating packet transmission on FSO channels by generating 
random levels of received power. Both statistics and 
autocorrelation properties of the generated signal agree with 
data measured on the test link. The generation of a new 
sample of received power requires calculation of the FIR filter 
output sample, which typically represents a 65-point 
convolution. 

The depth of received power scintillations can be set by 
specifying PSI and the “frequency” of fades can be specified 
by channel correlation time τ0.  
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Abstract—This paper presents a new approach for watermarking 

of digital video providing robustness against MPEG compression. 
The initial video is decomposed by one-dimensional 2 Level Wavelet 
Transform. The low pass filtered LL video stream is used for 
embedding the procedure. Every frame of this se-quence undergoes a 
16x16 block wise DCT before the embedding procedure is applied on 
selected coefficients of the spectrum. The embedding algorithm itself 
is realized by spread spectrum techniques. The watermark bits are 
substituted by a set of 16 basis images of 3D-Hadamard Transform of 
the block size 8x8. Instead of embedding 1 or 0 of the watermark the 
corresponding pattern of basis images are em-bedded by spread 
spectrum routine into the selected coefficients of DCT spectrum. The 
experimental results show that this method seems to be very robust 
against MPEG compression, adding noise and ob-taining low 
degradation of the host sequence 

Keywords— Videowatermarking, DWT, 3D Hadamard 
Transform, DCT, Spread Spectrum, basis images. 

I. INTRODUCTION 

Rapid development of internet and social networks like 
Facebook or Flickr gives rise to the challenge how to protect 
intellectual properties of multimedia data against illegal usage 
or tempering. Copyright protection and content authentication 
are now a day one of the most important issues of Multimedia 
Industry. Two main technologies have been established to 
reach these goals: cryptology and watermarking. In the 
cryptographic approach, the multimedia data are encrypted 
and only the holder of valid key is able to access them. One 
big disadvantage of this technology is the fact that when data 
have been encrypted, there is no way to track their distribution 
and reproduction. The watermark technology can avoid these 
disadvantages [1], [2] The main problem of watermarking 
consists of the ability to embed the watermark into host signal 
in such way that it will be invisible or at least will not produce 
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serious degradation of the host. The second important 
property of the watermarking system should be robust against 
any manipulation on the host signal. The watermark should be 
able to survive any attacks like compression, scaling, noise, 
filtering, etc. To realize such properties, there are two 
strategies how the embedding procedure should be done. One 
strategy is oriented in the embedding watermarks into the 
spatial and the other into the frequency domain. In the spatial 
domain the Quantization Index Modulation (QIM) method [3] 
is very popular and in the spectral domain the spread spectrum 
technology [4]. As a transform domain, the DCT is well 
established [5] but also other transforms like wavelet have 
been investigated [6].  
One of the main differences between video watermarking and 
still images is that the video sequences normally undergo such 
stronger compression than images, normally with compression 
factors greater than 1:200. For example, an uncompressed 
DTV video stream has a data rate of 1.2Gbit/s and for distri-
bution reason it must be compressed to 6 Mbit/s. For em-
bedded watermarks, it is a big challenge to survive such 
strong compression ratio. Therefore, the methods that work 
for still images mostly are not really suitable for video. 
Generally the video watermarking is adopted either to com-
pressed or to uncompressed (sometimes it's also called raw) 
domain. In the uncompressed domain techniques in the first 
step, the video is decoded to the raw format, than the embed-
ding watermarks procedure is done to that uncom-pressed data 
and on the end the whole sequence it's stored in a compressed 
format. To extract the embedded watermarks the compressed 
video must be decoded. In the case of compressed domain, the 
embedding watermarks procedure is realized directly in the 
compressed bit stream without the necessity for decoding and 
re-encoding the video sequence again. The advantage of com-
pressed domain method lies in the computational efficiency. 
The disadvantage of this method is that is strongly connected 
to the compression format and is not able to deal with trans-
coding. Any compressed format change lead to the loss of 
watermark information. 

In this paper, a novel robust video watermarking scheme is 
introduced in raw domain which can survive high 
compression rates attacks. It is based on a combination of 
frequency domain embedding with a new developed enhanced 
Hadamard error correcting code. The structure of this paper is 
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as followed. At first a new error correcting code under the 
name "enhance Hadamard Error Correcting Code" will be 
introduced. Then the watermarking embedding scheme based 
on multilevel DWT, DCT and QIM will be explained. On the 
end, the results will be presented.  

II. ENHANCED HADAMARD ERROR CORRECTING CODE 

The error correcting code based on Hadamard Transform 
was first introduced by Levenshtein [10] and was practically 
applied in 1969 by NASA in Mariner and Voyager space 
missions to the Mars [9]. It belongs to the class of block 
codes. The Hadamard code of the length n can encode 
k=log2(n) messages and is denoted as (n,k) linear code. The 
Hamming distance is n/2, and it can correct n/2-1 errors [11]. 
The 2D and 3D Hadamard code is an extension of one 
dimensional case and till now does deliver any advantages. In 
these chapter we introduced a new method, called Enhance 
Hadamard Error Correcting Code, which improves the 
performance of multidimensional Hadamard error correction 
significantly.  

A. Two-Dimensional Hadamard Error Correcting Code 

The 2D Hadamard error correcting code uses so called basis 
images instead of Hadamard vectors. The basis images 
functions are orthogonal to each other, and they can be 
generated from the Hadamard matrix by multiplication of 
columns and rows. Generally we can write 

:),(*)(:, mHlHA nnml   (1) 

In case of 4x4 Hadamard matrix 
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we can calculate the complete set of 16 such basis images 

 

Fig. 1. Basis Images of 2D Hadamard Transform (4x4) 

For instance the pattern A31 is generated by Eq.(1) and has the 
numerical presentation 
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It can be visualized as 

 

Fig. 2. Basis Image A31. The “1” is interpreted as 255 (White) and “-
1” as 0 (Black) 

The 2D Hadamard Spectrum of such basis images, which is 
denoted with C, delivers a matrix where only one coefficient 
is differ from zero. He represents in a spectral domain the 
corresponding pattern. For example the Hadamard spectrum 
matrix of the pattern A31 is  
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The component C31=16, and all others, are zero. This fact 
can be utilized to construct error correcting code, where the 
code words are the pattern of basis images, and they can be 
decoded by detecting the biggest coefficient inside of 2D 
Hadamard Spectrum according to Eq.(4).   

To apply the basic images as a code words, we have to map 
the two-dimensional structure of the pattern into one 
dimensional pulse stream which will be denoted as the code 
words. In the table 1 such 2D Hadamard codebook is 
depicted. In the case that the basis images are corrupted by 
some perturbation it is still possible to recover the original 
pattern completely if the number of errors is inside of one of 
these two intervals, namely 1,..,n/4-1 and 3n/4+1,..,n. The 
total number of errors that can be corrected is n/2-1. In case of 
n=16 we have following error correcting diagram 

 

Fig. 3. Error Correcting Capability of 16 Bit Hadamard Code 
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Table 1. Code Book of 2D Hadamard Code 

For example, if the basis image A31 is corrupted by some 
perturbation and looks likes 
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It is still possible to recover the original pattern completely 
because number of errors is 3 and it is inside of the first 
interval. Generally we can recover 1,2,3 and 13, 14,15 and 16 
errors  
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The absolute value of │C31│=10 and still stays the biggest 
one between the other spectral coefficients of C. The sign of 
this biggest absolute value determines in which interval the 
error occurs. In the case of the negative sign, the code word 
should be inverted. 
The simple enlargement from 1D to 2D doesn’t bring any 
improvement. To overcome this limit, a new enhance 
Hadamard decoding procedure for 2D and 3D Hadamard code 
is introduced. 

B. Enhance 2D Hadamard Error Correcting Code 

The enhanced 2D Hadamard code makes possible to correct 
more errors as with the standard Hadamard method. The basic 
idea is to map the 2D basis images into a collection of one-
dimensional rows and applying on them 1D decoding 
procedure. After this, the image is reassembled, and the 2D 
decoding procedure (Eq.(4)) can be applied more sufficiently. 
With this approach is possible to overcome the theoretical 
limits of n/2-1 errors. 

 To show the functionality of this method we consider the 
basis images A71 of 8x8 2D Hadamard Transform. This basis 
image can be derived from Eq.(1). (See Fig. 4)      
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         Fig. 4. Basis Image A71 of 2D Hadamard Transform (8x8) and 
its visualization. “1” is interpreted as white (255) , “-1”as black (0)                         

This image is now corrupted by noise (Fig.5). The 
corresponding error matrix contains 17 errors. According to 
the consideration from chapter 2.1 it is not possible to recover 
this pattern because the number of errors exceeds the limit of 
n/2-1=15.   
 

 
 

Fig. 5. Original Basis Pattern A71, Error Mask and the Corrupted 
Pattern 

The enhanced Hadamard decoding procedure will works in 
this case as following  
(see Fig. 6):  

Message  Basis 
Image 

Detection 
Coefficient 

Pulse Stream (code 
word) 

0000 

 

C11  0000000000000000 
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C12  0101010101010101 

0010 

 

C13  0000000011111111 

0011 

 

C14  0000111111110000 

0100 

 

C21  0000111100001111 
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C23  0011110000111100 
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C24  01101001101101001 
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C31  0011001100110011 
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C32  0101010110101010 
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C33  0011001111001100 

1011 

 

C34  0011110011000011 
 

1100 

 

C41  0110011001100110 

1101 

 

C42  0101101010100101 

1110 

 

C43  0110011010011001 

1111 

 

C44  0110100110010110 
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 The corrupted basis image (A) is separated into its 
rows (B). 

 On each row is applied 1D Hadamard decoding 
procedure. Rows which contain only one error are 
decoded error free. Rows No. 6 and No. 8 are now 
without any errors (C). 

 Reassemble the pattern again (D). The renewed pattern 
contains now fewer errors as before, namely 15.  

 Apply the 2D Hadamard decoding procedure 
according to Eq.(4). The result will be error free 
pattern (E).  
 

    
    
    

  

  

 

 

 
 

Fig. 6. Enhanced Hadamard Decoding Procedure on Error 
Mask and on Corrupted Basis Image 

The improvement is visualized in the Fig. 7. It clearly to 
see, that the enhanced version outperform the Standard 
Hadamard Code. In case of 8x8 basis images the standard 
method can correct maximum 15 errors. The enhanced version 
can correct 92% of all 16 errors possible pattern inside the 
basis images. In case of 17 errors 83% of all error pattern can 
be corrected.  
 

 

Fig. 7. Comparison of Error Correcting Capabilities of Standard 
Hadamard (dashed line) with 8x8 2D Enhanced Hadamard Code 

In case of 47 errors the standard method can’t correct any 
error but the enhanced method can correct 83% of all possible 
error pattern.  
 

C. 3D Hadamard Cubes 

A Hadamard cube is a basis image expanded in the third 
dimension by multiplying the pattern with Hadamard vectors. 

 (:)kmlmlk HAD 

The basis image is represented by Aml and Hk(:) is the k 
Hadamard vector. For example the pattern A41 

 


























1111

1111

1111

1111

41A   

  and the Hadamard vector  11112 H  generate the 

cube D412 

  
 
The decoding procedure and the corresponding error 
correction works similar to the correcting procedure described 
in Chapter 2.2. Before it can be applied the cube is resolved 
from the front side in separate layers. On each layer the 
enhanced 2D Hadamard decoding procedure is applied. 

 

Fig. 8 Comparison of Error Correcting Capabilities of Standard 
Hadamard (a) with 8x8x8 3D Enhanced Hadamard Code (b). 
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III. PROPOSED WATERMARKING SCHEME 

The proposed watermarking scheme works in raw domain, 
and the method combines the previously described 2D 
Hadamard error correcting code with Discrete Wavelet 
Transform (DWT) of video sequences. In the Fig. 9, the whole 
encoding process is illustrated. The raw format of the 
luminance channel of the original video stream is decomposed 
by multi-level Interframe DWT with Haar Wavelet. This low 
pass filtered part of the video stream undergoes a block wise 
DCT Transform. From DCT spectrum, special coefficients are 
selected and used for embedding procedure with 3D 
Hadamard coded watermarks. The embedding procedure itself 
is realized through QIM (Quadrature Index Modulation) 
techniques.  

 

Fig. 9. Watermarking Encoding Process 

The decoder procedure is depicted in Fig.10. At the 
beginning of the decoding procedure the embedded video 
sequence undergoes the same multi-level Interframe DWT and 
DCT transform as on the encoder side. After the selection of 
the proper DCT coefficients the inverse QIM (IQIM) is 
applied. It delivers the decoded code words (pulse stream). 
Through the help of Enhanced Hadamard error correcting 
code, which is described in chapter 2.3 the original watermark 
is extracted.  

 

Fig. 10. Watermarking Decoding Process 

A. Multi-Level DWT 

As mention above a multi-Level Interframe DWT with 
Haar Wavelet was used to deliver a low pass filtered video. 
The Fig.11 illustrates the operating principle of this transform. 
In the first level the two consecutive frames are averaged. In 
the second level, the frames from the level one are averaged 
and so forth. In this watermarking schemes, we used DWT 
levels from 12 till 16. 

 

 

 

 

 

Fig. 11.  Multi-Level Interframe DWT. At first level the two 
consecutive frame are averaged. At level two the consecutive frames 
from level one are averaged and so forth. 

B. Selection of Embedding Coefficients 

To realize the embedding procedure some coefficients from 
the DCT spectrum of DWT filtered video sequence must be 
selected. The Fig.12 shows which coefficients are qualified 
for watermark for such process. These are mostly from the 
gray area. 
   

 

Fig. 12. Coefficients of DCT Spectrum which fits for 
embedding 
 

IV. RESULTS 

The investigation was done with HDTV video sequence with 
the resolution of 1080*1920 and 25fps. The Video was 
captured with an AVCHD Camera. The watermarking 
processing was performed only for the luminance channel 
(after converting RGB into YCrCb color space), because it is 
more robust against distortions than any other channels.  It 
was investigated how many embedded watermark bits survive 
compression attacks without to cause significant impairments. 
The degradation of the watermarked output video was 
measured with SSIM (Structural Similarity) index. SSIM is 
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based on the human eye perception and so the expressiveness 
about distortion is better than in the traditional methods like 
PSNR (Peak Signal to Noise Ratio) or MSE (Mean Square 
Error) [8]. 
It was chosen the 3D Hadamard Code of the size of 8x8x8, 
which means the code word length of 512 bits. This implies 
the message code length of 9 bit. The DCT block size was 8x8 
and from each block were selected 16 coefficients. With these 
information is easy to calculate the total number of embedded 
watermark bits pro each frame.  

 Bit/Frame 911216
512

9

8

10801920
22







 C
W

M

B

WH
E

 (7) 

Where H is the height and W is the width of the frame. The 
letter B denotes the block size of DCT transform, the letter M 
is the message code length, the letter W represents the code 
word length of the 3D Hadamard code and the letter C is the 
number of selected spectral coefficients.  

 
Table 2. Results 

In Table 2, the results of capacity and robustness 
measurements are presented. The compression attacks were 
done by H.264 codec with different compression ratios. 
Because the method works in raw domain the original data 
rate is 1.2 Gbit/s. As a watermark was used a chessboard 
pattern of the size of 30x30 Pixel. 
The watermarks were inserted successive into the frames. The 
Delta QIM gives the width of the quantization steps and was 
tuned to value 11. Generally the Delta value determine the 
noise distortion in the host video 
The embedded video sequence was compressed with different 
compression ratios. In case of compression to 5 Mbit/s, which 
correspond to compression ratio of 1:240 it is still possible to 
extract all watermarks error free. The quality comparison 
between originally compressed video and embedded and 
compressed shows, that there is only slight different. The 
SSIM index Video is in this case 98% 
 

  

 

a. Embedded and Compressed 
 
 

  

b. Only Compressed 
  

Fig. 13. a. Embbeded and Compressed with 5Mbit/s, b: Only 
compressed with 5 Mbit/s 

 

V. CONCLUSION 

A new method for robust video watermarking was introduced. 
It uses a new developed Error Correcting Code and watermark 
embedding procedure in the frequency domain. The ingesting 
of watermark bits are done by QIM into the DCT spectral 
coefficients of low pass filtered stream. This low pass filtered 
video is generated by Interframe multi-level DWT. 
The core idea of this scheme is the usage of the new 
developed Enhanced 3D Hadamard Error Correcting Code, 
for the purpose of video watermarking. Instead of ingest 
watermark bits itself, Hadamard cubes are used as a code 
words. The code word length was selected to 512 bits, which 
implies the message length of 9 bit. The error correcting 
abilities of this Enhanced 3D Hadamard code are extremely 
good, especially in the case of burst errors. It is possible to 
correct more than 256 errors and even if the whole code word 
is corrupted it is possible to reconstruct it error free. This 
method can correct more errors as till now it was possible with 
standard Hadamard code. 
The results are very promising. In an HDTV video sequence is 
possible to embed around 9112 bits (nearly 1,KB)  watermark 
information per frame, which can be error free extracted after 
very strong compressions of the video. The compressed video 
has a data rate of 5Mbit/s (compression ratio 1:240). The 
embedded and compressed video streams show any visual 
degradation. 
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Abstract—In this paper, we investigate MIMO wireless 

propagation characteristic by proposing a time-evolving MIMO 

spatial channel which performs instantaneously and optimally the 

selection of the appropriate Transmission Mode at the eNode B. The 

proposed spatial channel model is elaborated assuming a multi-sector 

cell scattering environments where each sector consists of multiple 

scattering rings with different beamwidth seen at the eNode B (or 

base station).Therefore, with a the motion of the User Equipment 

(UE) within multiple sectors, the channel may experience many 

realizations known at the eNode B which is then capable to adapt 

dynamically and select the optimal TM.  

 

Keywords—MIMO Spatial Correlations, LTE/LTE-A 

Transmission Mode, Cell Sector, Time-Evolving Channel 

I. INTRODUCTION 

ONG Term Evolution (LTE) network downlink 

transmission system differently from others wireless 

network, is mandated to operate in multiple transmission 

modes related to MIMO systems[1].Each transmission mode 

may consist of transmitting one or two independent data 

streams (code words) assisted respectively by precoding 

matrix (phase matrix indicator), transmit diversity and by a 

cyclic delay prefix. In LTE, the transmission system can be 

grouped into transmission modes(TM) 1,2,3,4,5,6,7 and 

8.However it should be noted the transmission modes are 

extended to TM9 and TM10 specifying multiple layers 

transmission up to 8 layers in LTE-Advanced Release 10[2]. 

 Differentiation is required among transmit diversity, spatial 

multiplexing and beamforming –based TMs .So the capability 

of the eNB to dynamically and optimally select the MIMO TM 

that matches the channel conditions, is a key focus of LTE/ 

LTE-Ad systems. However, until the release 9, it has been 

observed [3] that the 3GPP is silent about on whether 

switching scheme can be performed. With the advent of the 

release 10, the TM9 can be seen as the opened–discussion 

since this transmission mode should support the spatial 

multiplexing and beamforming SU-MIMO/MU-MIMO 
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switching on the rank 1 basis. And since the mobile, within the 

cell coverage region, is subject to mobility over multiple and 

different scattering environments, the transmitter need to select 

instantaneously the appropriate TM depending on the channel 

behaving [3][4[5].This suggests the implementation of a 

MIMO channel model that evolves with time or the motion of 

the UE. However the 3GPP LTE channel derived from an 

Extended Spatial Channel Model (SCME), suffers from this 

lack and is only specified for fixed typical cell environments 

[6]. 

In this paper, we propose a practical time-evolving MIMO 

channel model for a LTE/LTE-A downlink TM adaption. The 

model is formulated upon a multi-sector scattering cell 

environment criterion. Within a cell, the mobile is assumed 

moving over sectors where each sector consists of multiple n 

one-ring [7] scattering environments with different beamwidth 

seen at the base station. Therefore in this model, the spatial 

characteristic of the cell channel is varying accordingly to each 

sector and is known at the base which then is capable to 

dynamically and optimally adapt the transmission mode 

following the motion of the mobile.   

II. PROBLEMATIC OF LTE/LTE-A DOWNLINK TM SWITCHING 

In LTE /LTE -advanced standards, the physical layer is 

mapped into multiple transmission modes(TM) and each TM 

should be dynamically selected depending on the time-varying 

MIMO channel. Besides the single antenna SISO transmission 

(TM1), multielement antenna (MIMO) technology such as 

Open Loop Spatial Multiplexing (OLSM) and Close Loop 

Spatial Multiplexing (CLSM) transmissions are also specified 

in release 9 by the 3GPP standard for LTE downlink 

transmission which supports TM1 to TM8 (fig.1). TM1 

indicates the single antenna port transmission SISO(Single 

Input Single Output); TM2 and TM6 denote respectively 

transmit diversity known also as open loop spatial 

multiplexing (OLSM) and the close loop spatial 

multiplexing(CLSM) where in both case one data stream is 

transmitted (Rank 1); TM3 and TM4 are respectively OLSM 

and CLSM, both consisting in transmitting two (rank2) data 

streams.TM7, TM8 implement beamforming respectively with 

one layer transmission and with dual layer transmission.  In 

practice, most of mobile communications deal with multi users 

sharing the same resources. Hence, a high diversity gain 
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Fig.1 LTE/LTE-A Transmission Modes in release 8 

 can be achieved by transmitting to users with high channel 

quality conditions .This technic is commonly known as multi-

user diversity. In LTE/LTE-Advanced, Multi User MIMO 

technique (MU-MIMO) is enabled and performed by the 

transmission mode TM5 while the remaining TMs have SU-

MIMO features. 

Hence, the above description, the eNode B (enhanced Node) 

or the base should be mounted at least by height antennas. It 

can be also observed that the entire TM can be grouped in five 

groups of transmission mode:-SISO, CLSM, OLSM, MU-

MIMO groups.  

III. TIME EVOLVING CHANNEL CONCEPT 

Although the concept of time evolving channel is closely 

related to the concept of time varying channel, a differentiation 

can be made between them at certain level. The second one 

describes the behavior of wireless channel that changes 

instantaneously .It often referred to as the channel impulse 

response and implies directly the temporal channel evolution 

according to certain Doppler characteristics [8]. The time 

evolving concept, beyond can be applied to the channel 

statistics in order to characterize the temporal evolution of the 

channel stationary [8]. 

 Let’s now consider a MIMO channel H with tn
transmit and 

rn
receive antenna. The time-frequency selective channel H (t, 

f) properties can be drawn from the double-directional theory 

[10].The rapidity of the time variation of the channel can be 

estimated from the computation of the mean Doppler shift or 

the Doppler spread. However in all scenario of practical 

relevance, dealing directly with the channel impulse response 

is   almost infeasible. It is rather reasonable to adopt stochastic 

approaches to study the channel through its correlations which 

in contrast have large scale stationary properties. 

Consider two arbitraries multipath sub-channels ( ),klh t f  and 

( ),qsh t f  defined by antennas k, q at the receiver side array and 

antennas l, s at the transmitter array. Their correlation kl,qsr  is 

written: 

( ) ( )*, . ,kl,qs kl qsh t f h t + t f + fr = ∆ ∆
 

[1, ]tk,q n∈  And [1, ]rs,l n∈  

 Under the assumption of Wide Sense Stationary 

Uncorrelated Scattering (WSSUS) criterion, we may write: 

( ),kl,qs F t fr = ∆ ∆
 

F denoting a specific function which depends on the geometry 

formed by scatterers around the transceiver and the resulting 

distribution of Angle of Arrival (AOA) and Angle of 

Departure (AOD).  and t f∆ ∆   respectively stand for time and 

frequency lags within between sub-channels. 

 It should be noted that (2) stipulates that channel statistics 

are time and frequency-independent. However in practice, due 

to the motion of the transceiver which leads to non-stationary 

channel, WSSUS assumption is never fulfilled completely 

[10]. Alternatively, the interest is pointed on quasi- stationarity 

models [11] involving that the channel statistics remain 

constant during a given stationarity time  Ts. The fact that the 

channel correlation  kl,qsr  changes during each Ts, evokes a 

time-evolving system.  

IV. SYSTEM MODEL 

In this section, we develop our proposed time- evolving 

channel for wireless communications network as well as LTE 

transmission system using MIMO based multi transmission 

modes. Since MIMO channel variation is inherently related to 

scattering environments, our methodology herein is in: 

• First, split the cell environment governed by the eNode B 

 into multiple(see fig.2) sectors S1, S2….Sm. Each sector Sm 

environment is characterized by a spatial correlation kl,qs
mr . 

• Secondly, adopt the Multi Ring Scattering Channel Model  

[7] as the cell channel. Hence, in this configuration ,each 

sector Sm spatial characteristic  is given as: 

( ) ( )
1

1
,kl,qs n n kl,qs n

n

N
mr d α .r ∆t,∆f α

N =
= ∑  

Where ( ),kl,qs nr ∆t,∆f α  stands for an arbitrary one ring 

scattering n MIMO channel correlation; nd denotes the 

distribution of scattering rings following the beamwidth αn 

seen at the base station. 

Assuming a Gaussian distribution of nd [7] within each 

sector Sm: 

( )2
2

0α2.

π

m
nc α

n

c
d e

− −
=

 
the spatial correlation is computed  : 
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Fig.2: Channel Model (sectored-cell based wireless channel 

modeling) 

 

where  
0

mα is the beamwidth representing the location of the 

peak of nd in a given sector Sm of the cell. Note that c can be 

chosen in order to ensure that nd decreases rapidly beyond the 

interval of αn € [0
o   

15
o
]. D, d and λ  denote respectively the 

antenna spacing at the base station, at the mobile station and 

the wavelength. /df v c=  is the maximum Doppler spectrum. 

In equation kl,qs
mr ( )0

, mF t α= ∆  is function of 

variable
0

and mt  α∆ , describes a time and space selectivity 

channel and then is suitable to depict the behavior of 

narrowband time evolving channel. 

• Finally , the proposed time evolving channel can be written 

as follows: 

 

( )( )
( )

o

1 2 3

o o o o o

,

[ , , ....... ]

    withm

s

m

kl,qs
T tkl,qs

t

m
m

t

r
r α

α α α α α=

∂
=

∂  

 

During the motion of the mobile station over multiple 

sectors within the cell, the channel kl,qs
mr is evolving 

following the beamwidth  
oα  seen in each sector at the base 

station. Consequently each sector is then indexed by the 

corresponding beamwidth. 

V. MIMO TM ADAPTING MECHANISM  

 MIMO signal processing in general involves three technics 

known as transmit diversity, spatial multiplexing and 

beamforming. However beamforming can be seen as a special 

case of spatial multiplexing  since both signal processing 

require the knowledge of the channel state information(CSI) 

while transmit diversity blindly can be used for data 

transmission. In addition, the instantaneous choice of the 

signal processing is inherently related to MIMO spatial 

correlation. High correlated channels are less diversity 

channels, therefore transmit diversity and beamforming are 

suitable for data transmission. In contrast, spatial multiplexing 

is strengthened from low to moderate correlated channels 

which are high diversity channels. 

Therefore in LTE/LTE-adv transmission system, transmit 

diversity and beamforming based TMs should be used in 

highly correlated channel environments or sectors. The 

switching mechanism should be also capable to dynamically 

select spatial multiplexing based TMs when the mobile station 

moves toward low correlation environments. 

VI. CORRELATION MEASURE 

 A significant drawback remains the huge size of the full 

correlation   matrix R and its high number of elements to be 

estimated. Indeed for a MIMO system with tn  transmit antenna 

and rn receive antenna, ( 1)t r r tn n n n −  correlation parameters 

kl,qs
mr   should be taken into account in a given sector Sm. The 

transmit, receive and cross-correlations can be derived from by 

setting up respectively l ≠ s, k=q; l=s, k≠ q and l ≠ s, k≠q; 
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 Indeed for a MIMO system with tn  transmit antenna and 

rn receive antenna, ( 1)t r r tn n n n −  correlation parameters 

kl,qs
mr   should be taken into account in a given sector Sm.  

The transmit, receive and cross-correlations can be derived 

from by setting up respectively l ≠ s, k=q; l=s, k≠ q and l ≠ s, 

k≠q; Hence, to dispense with the study of the effect of each 

element, we adopt the correlation measure metric of the 

amount correlation
t rn nψ  [12][13]. 

* * *

( )t r

t tr r

m m m m m m
n n kl,ql kl,ql kl,ks kl,ks kl,qs kl,qs

t r t r
k,q=1 l,s=1 k,q=1 l,s=1
k q l s k q l s

n nn n
1 mψ r .r r .r r .r

n n n n 1

≠ ≠ ≠ ≠

 
 
 = + + 
  
 

∑ ∑ ∑∑−−−−

This metric can be seen as the average on the overall 

element kl,qs
mr . It measures the state correlation in MIMO 

channel. High (resp.low) amount of correlation implies high 

(resp. low) correlated channel . 

Taking a working frequency of 2GHz, the antenna spacing 

used is that specified by LTE standard i.e. d=4λ at the eNode 

B and D=0.2 λ at the UE when considering the 3-sector cell 

configuration in Urban macro propagation environment.   The 

corresponding amount of correlation (figure 3) of 2X2 MIMO 

 

αo
1 αo

m 

Latest Trends on Communications

ISBN: 978-1-61804-235-4 65



 

 

and 4X2 MIMO configuration channel is plotted following the 

beamwidth 0α of the cell sectors. From this result a set of 

correlation are drawn. 

0 0.05 0.1 0.15 0.2 0.25 0.3 0.35
0.2

0.3

0.4

0.5

0.6

0.7

0.8

0.9

1

 Beamwidth

A
M
O
U
N
T
 O
F
 C
O
R
R
E
L
A
T
IO
N

 

 

4x2MIMO

2x2MIMO

 

Fig.3: Amount of correlation versus sector beamwidth 0α  

 

Table1. Correlation levels in different sectors of the same cell. 

 

 Sector 1 Sector 2 Sector 3 

0α  0.025 0.1 0.15 

2x2 

MIMO 

Ψ=0.64: 

 high 

correlation 

level 

Ψ=0.3283: 

moderate 

correlation 

level 

Ψ=0.3782:moderate 

correlation level 

4x2 

MIMO 

Ψ=0.7558:high 

correlation 

level 

Ψ=0.4094: 

moderate 

correlation 

level 

Ψ=0.4963:moderate 

Correlation level 

 

VII. TRANSMISSION SWITCHING SCHEME ANALYSIS  

In this section the error rate and capacity performances for 

MIMO TM are analyzed in different sectors (table 1) of the 

cell. Following those performance levels, the switching 

scheme at the base should decides for the optimal TM to be 

selected for data transmission when the mobile station within 

the cell moves from one sector to another.  We adopt the 

10MHz bandwidth as specified by the 3GPP LTE standard. 

We also assume that the eNode B requests a 4 CQI_ index. 

From figures 4, 5 it can be noted that in sector 1, while 

achieving its highest capacity in acceptable SNR range, TM3 

remains reasonably performing in terms of BLER. In contrast, 

within the same sector TM2 being an error-rate motivation 

based design, naturally achieves a lowest error rate while not 

being able to offer a high capacity. In this case of moderate 

From figures 4, 5 it can be noted that in sector 1, while 

achieving its highest capacity in acceptable SNR range, TM3 

remains reasonably performing in terms of BLER. In contrast, 
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 Figure.4 Block error rate performance in the sector 2 region 

0α =0.1(moderate correlation level environment) 
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Fig.5 Capacity performance in the sector 2 region, 0α =0.1(moderate 

correlation level environment). 
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Figure .6 Capacity performance in the sector 1, 0α =0.025(high 

correlation level). 
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Fig.7 Capacity performance in the sector 1, 0α =0.025(high 

correlation level). 

within the same sector TM2 being an error-rate motivation 

based design, naturally achieves a lowest error rate while not 

being able to offer a high capacity. In this case of moderate 

correlation level, the eNode B can only choose to optimize the 

capacity and thus enable TM3. 

 Similar analysis for the BLER and capacity performances 

can be done in sector 2. As depicted in fig.6 and fig.7, it can 

be seen that the error–rate for TM3 becomes catastrophic 

while its capacity also may take slightly an increase. In this 

case, the eNode B can optimally choose to maximize the 

spatial diversity by enabling TM2 mode which remains more 

robust and performing. Therefore, we can conclude that when 

the mobile station moves from sector 1 to sector 2, the base 

station can adapt the transmission mode from TM2 to TM1. 

VIII. CONCLUSION 

 A time-evolving MIMO channel model is formulated for 

wireless communications as well as for LTE/ LTE-A MIMO 

transmission mode adaption. The proposed spatial channel 

model is elaborated assuming a multi-sector cell scattering 

environments where each sector consists of multiple scattering 

rings with different beamwidth seen at the eNode B (or base 

station).Therefore, with a the motion of the User Equipment 

(UE) within multiple sectors, the channel may experience 

many realizations known at the eNode B which is then capable 

to adapt dynamically and select the optimal TM.  We also 

provide simulation results corroborating our study. 
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Abstract— In wireless communication reception, the reliability 

of OFDM is limited because of the time-varying nature of the 

channel. This causes inter-carrier interference (ICI) and increases 

inaccuracies in channel tracking. This can effectively be avoided at 

the cost of power loss and bandwidth expansion by inserting a cyclic 

prefix (guardian interval) before each block of parallel data symbols 

stream. One of the challenging issues for OFDM system is its high 

Peak-to-Average Power (PAPR). In this paper are discussed some 

methods of PAPR reduction for OFDM broadband communication 

systems. 

 

Keywords—OFDM, communication system, transmission channel, 

ISI, PAPR, Clipping 

 

I. INTRODUCTION 

ith the development of modern wireless communication 

technologies available frequency bands began to 

dwindle very significantly. The decrease led to 

considerations of communication systems using the frequency 

bands more efficiently than other current systems. The issue of 

available frequency-bands shortage led to the concept of 

systems using cognitive radio. The initial idea was to build 

devices that would be able to find available frequencies on 

basis of various frequency-band parameters from surrounding 

measurements appropriately changing their transmission 

parameters, particularly frequency. Currently, attention is 

focused on adaptability of cognitive radios extension 

possibilities based on specific situation in a bandwidth to 

change the type of used modulation, coding or communication 

protocol. 

During digital signal transmission on a single-carrier 

frequency in a real communication channel, undesirable 

interactions of the transmitted information occur due to 

additive noise, impulse noise, interference from other sources 

of high-frequency signal and also by multipath propagation. 

While transmission speed increasing, occupied frequency-
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bandwidth is expanding as well as the level of additive noise. 

In the case of Digital Video Broadcasting – Terrestrial (DVB-

T), a high transmission speed, especially if the length of one 

signal is comparable to signal propagation-time from a 

transmitter to a receiver. In this case the reverberation may 

significantly increase the inter-symbol interference (ISI). 

This effect can be suppressed by transmission speed 

reduction per one single-carrier frequency, and therefore by 

the symbol period extension. In order to maintain the desired 

transmission capacity, it is required to use a larger amount of 

sub-carrier frequencies. When using a spread-spectrum 

technique, a guard interval is implemented to avoid 

interference between adjacent sub-carriers. However, it causes 

an efficiency reduction of the frequency-bandwidth used. 

Significant increase in spectral efficiency transmission is 

achieved by using OFDM system. 

II. COMMUNICATION CHANNEL 

The communication channel is the set of devices and 

systems that connects the transmitter to the receiver. The 

transmitter and receiver consist of an encoder and decoder, 

respectively, which translate the information stream produced 

by the source into a signal suitable for channel transmission. 

Four general rules of communication channel have to be 

followed in the design state: 

 

• The modulation must not expand the required 

transmission bandwidth beyond the available 

bandwidth 

• BEM based systems must be interoperable with other 

technologies 

• The required optical signal to noise ratio must be met 

even under worth-case scenario 

• The hardware and software needed for BEM 

implementation must be simple and inexpensive 

 

For further understanding of the communication system is 

necessary to recognize the individual elements of 

communication channel. These individuals subsequently 

determine the characteristics proprieties of transmitting. 

III. OFDM (ORTHOGONAL FREQUENCY DIVISION 

MULTIPLEXING) 

The OFDM system is based on  transmission in 

communication channel by thousands of sub-carrier 

frequencies. Furthermore, these sub-carriers are modulated  

 

OFDM Communication System Based on PAPR 

Reduction Technique 

M. Papez, R. Jasek and K. Vlcek 

W

Latest Trends on Communications

ISBN: 978-1-61804-235-4 68



 

 

 

according to different requirements of robust modulations 

(BPSK, QPSK or M-QAM).  

In OFDM, the sub-carrier frequencies are chosen so that 

they are orthogonal to each other (Fig. 1, right), meaning that 

cross-talk between the sub-channels is eliminated and inter-

carrier guard bands are not required. This immensely 

simplifies the design of transmitter and receiver; unlike 

conventional FDM, a separate filter for each sub-channel is not 

required. The principle of OFDM is to distribute data stream 

into M parallel blocks, where every single block is modulated 

on a different sub-carrier frequency. With the comparison of 

the system using only one-carrier frequency, a transmission 

rate of one block is M-times smaller, which is caused by 

symbol duration extension. Practically, this effect increases the 

resistance to frequency-selective fading, attenuation of high 

frequencies or narrowband interference. In this case, time 

scattering signals caused by signal propagation of more sub-

carriers is not applied [1][4]. The mathematical description of 

propagation in the time-domain is assumed by the following 

formula (1): 

1
2

,

0

( ) ( ) ,
tM j m
T

m n T

n m

s t a rect t nT e
π

∞ −

=−∞ =

= −∑ ∑           (1) 

 

where m corresponds to a sub-carrier, n represents an order of 

symbol. Function rectT determines the time-duration of single 

transmitted OFDM symbol. 

 

Sub-carriers in the OFDM system are, in comparison with the 

other systems using spread spectrum techniques, mutually 

orthogonal (2). 
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The smallest distance between two adjacent sub-carriers is 1/T. 

Individual sub-carrier frequencies are then given by formula 

(3): 

2
2

m

m
f

T

π

ω π= =                   (3)  

The performance of OFDM transmission system may differ 

by various parameters properties including:  

 

� Bandwidth  

� Size of IFFT modulator 

� Number of sub-carrier  

� Sub-carrier modulation scheme 

� Sub-carrier spacing 

� Length of useful symbol TU and guard interval TG 

� Length of cyclix prefix 

 

 

 

 

Table I. Standards using the OFDM 

Fig. 1 (Left) OFDM signal in the time-domain, (Right) OFDM signal in the frequency-domain 
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IV. CHOOSING A MODULATION SCHEME 

Single sub-carrier frequency in the OFDM system can be 

ransmitted by a different modulation scheme, which depending 

on specific transmission channel requirements, such as data 

rate and bit error rate (BER). Frequently used modulations are 

BPSK, QPSK, DQPSK, 16QAM and 64QAM. 
 

 
Fig. 2 FFT based OFDM System 

 

The OFDM system (Figure 2) shows that modulated signal 

with N subcarriers is enhanced by the cyclic prefix and 

broadcasted by channel with time-varying impulse response 

h(τ,t) and additive noise AWGN [6]. Cyclic prefix is removed 

from the receiver, and the data samples are converted by the 

FFT to the time domain, where behave as Rn symbols (4) (5). 
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An objective of adaptive modulation is to choose an 

appropriate method for the data transmission of each sub-

carrier in the respective of SNR (γn). In the order to suitably 

compromise between the transmission data speed and total 

BER. The modulation scheme selection is performed by 

individual modulations assigning variable Mm, where m 

denotes a number of bits required for the modulation. In order 

to encourage low system complexity, modulation schemes are 

not assigned particularly to each sub-channel, but to every 

single subbandwidth composed of several adjacent sub-

channels. Most widely used algorithms for correct modulation 

selection are [1]: 

 

• Fixed threshold adaptation algorithm 

• Subband BER estimator adaptation algorithm 

• Constant throughput adaptation algorithm 

 

V. FIXED THRESHOLD ADAPTATION ALGORITHM 

Communication channel for Fixed threshold adaptation 

algorithm must be invariable for all transmitted symbols with 

the same modulation selected depending on SNR level. 

Commutation levels for modulation scheme with higher 

number of bits per symbol (BPS) were designed based on 

calculations (Table II.) by Liu and Li [8]. 

 
Table II. Levels of SNR for commutating different modulation 

schemes [8] 

  I0 I1 I2 I3 

Sound 

[dB] 
-∞  3.31 6.48 11.61 

Data [dB] -∞  7.98 10.42 16.76 

 

When the SNR level of sub-channel for data transmission 

occurs between I0 and I1, BPSK modulation is used. 

Additionally, if the level of I1 exceeds I2 than, QPSK 

modulation is processed. 

VI. SUBBAND BER ESTIMATOR ADAPTATION ALGORITHM 

Subband BER estimator adaptation algorithm considers 

from continuously changing SNR levels γj, for every Ns sub-

carrier of the j subband. For application of this algorithm is 

required an estimation of probability error for all modulations 

Mn in each subband, which if given by formula (6): 
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,

Modulation scheme, which provides the highest data rate 

assuming, that the bit error rate (BER) is significantly lower 

than a given threshold is selected for every single subband [7]. 

VII. CONSTANT THROUGHPUT ADAPTATION ALGORITHM 

Adaptive modulation scheme uses channel frequency-

selectivity fadings and maintains constant data rate, which is 

fundamental for audio and video transmissions sensitive to 

synchronization delays. Accordingly, transmission cost cn,s is 

calculated for each of n subband by given formula (7): 
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Subbands allocation is based on the lowest transmission cost 

cn,s , which is determined by the anticipated number of bit 

errors en,s and the bit rate bn,s. Bit error rate is calculated for all 

modulation schemes, which consist of n sub-bandwidth [3]. 

VIII. MULTIPATH PROPAGATION 

Another issue that needs to be addressed from OFDM 

system is multipath propagation. Transmitted signal is heading 

to the receiver over various paths and many different delayed 

replicas of the signal originally send occur on the receiving 

side. There is a scattering of wave propagation time τd. This 

corresponds to the extension of the channel impulse response 

is usually marked as h(t) given by formula (8) [2]: 
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Inter-symbol Interference (ISI) and mutual interference 

between sub-carriers Inter-carrier Interference (ICI) occurs in 

characteristic environment. To avoid mutual overlap between 

transmitted symbols ISI, following condition must be 

accomplished (9): 

 

1/ ,
s s d

T f τ= ≫                    (9)  

 

where TS denotes the symbol period. As a result of extended 

duration of the OFDM symbol (  
S OFDM

T T= ), ISI in partial 

sub-channels interruption influence is exceptionally higher 

than in systems with a single carrier. ISI can be suppressed to 

the minimum by implementation of guard interval (GI). The 

guard interval is characterized by a short delay between the 

transmitted symbols [1]. 

 

 
Fig. 3 Guard interval for window function of OFDM system 

 

IX. PEAK TO AVERAGE POWER RATIO (PAPR) 

One of the disadvantages of OFDM system is the large ratio 

of Peak to Average Power Ratio (PAPR). The PAPR is the 

relation between maximum power of a sample in a given 

OFDM transmit symbol divided by the average power of that 

OFDM symbol [4] [11]. Due to presence of large number of 

independently modulated subcarriers in an OFDM system, the 

peak value of the system can be very high as compared to the 

average of the whole system. Therefore, PAPR is defined by 

the formula (10): 
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The PAPR is a related measure that is defined as the peak 

amplitude squared 
2

max ( )
T

x t
τ∈

 divided by the { }2( )E x t  value 

squared giving the average power of signal. 

 

 
Fig. 4 Comparison of OFDM system using different PAPR 

reductions 

 

 
Fig. 5 Comparison of BER based on different PAPR reduction 

schemas 

 

Figure 5 shows the performance of BER versus SNR of 

actual OFDM signals with PAPR reduction based on different 

schemes over the AWGN channel. Generally speaking, the 

performances of the BER with different PAPR reduction 

schemes have some degradation. Therefore, an efficient 

PAPR reduction should be the lowest possible value of PAPR 

while keeping a minimal level BER [4] [5]. 

The input symbol stream of the IFFT should possess a 

uniform power spectrum, but the output of the IFFT may result 

of transmission energy would be allocated for a few instead of 

the majority subcarriers. This problem can be quantified as the 

PAPR measure. It causes many problems in the OFDM system 

at the transmitting end. 
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Fig. 6 Transfer characteristic of an amplifier 

 

Figure 6 shows typical transfer characteristics of an 

amplifier. In order to avoid signal distortions, it is fundamental 

to operate in the linear part of this characteristic (around the 

point A). Lower efficiency is achieved in this part of the 

transmission characteristic. Therefore, there are attempts to use 

a region at higher level UIN in the amplifier, an area around the 

point B, where it has non-linear characteristic.  

X. PAPR REDUCTION - CLIPPING 

The simplest and most widely used technique of PAPR 

reduction is called Clipping. It is a smooth reduction of the 

signal in the time domain. Generally, clipping is performed as 

the transmitter. However the receiver need to estimate the 

clipping that has occurred and to compensate the received 

OFDM symbol accordingly. Typically, at most one clipping 

occurs per OFDM symbol, and thus the receiver has to 

estimate location and size of the clip [4]. 

If the absolute instantaneous level of signal at a given time 

is higher than the maximum required level, the value is being 

reduced to maximum desired level. The required maximum of 

signal level can be set absolutely or relatively. Absolute limit 

setting is adjustable, but less transparent. 

 

 
Fig. 7 PAPR reduction - Clipping  

 

Figure 7 shows an example of reduced signal to clipping 

threshold level. Therefore, in these case, relative reduction of 

the maximum level - CLIP is used. Achieved signal peak level 

after clipping would be given by following formulas (11)(12):  
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where 
_ maxc

y is the maximum level of the signal after clipping 

and 
max
y is the maximum level of the original signal. If a large 

degree of limited signal is selected, for example   1CLIP <<  , 

high reduction dynamics is achieved. Besides that, addition 

noise increase, which leads for significant signal degradation. 

Errors in obtaining the original information occur, in case of 

large degree of trimming signal (a low value of CLIP).  

XI. CONCLUSION 

 In this paper, the principle of OFDM communication 

system is described. OFDM converts a wideband frequency 

channel to the amount of narrowband subchannels. 

Orthogonality of these subchannels guarantees an investigation 

of a frequency band. Additionally, OFDM provides an 

efficient data transmission in a wireless dispersive 

environment with multipath signal propagation. 

 In addition, the article also discusses algorithms which are 

used to select modulation schemes. Correct selection of these 

schemes is an essential benchmark for accuracy and quality of 

the transmitted signal. Finally, this paper describes the 

principle of reducing the dynamics of the transmitted signal, 

which performs a consequential aspect in the processing of the 

transmitted signal. In the case of a breach dynamics reduction 

leads to a significant distortion of transmitted information. 

These techniques to reduce PAPR can be used to reduce the 

PAPR at the cost of loss in data rate, transmit signal power 

increase, BER performance degradation, computational 

complexity incease, etc.                                                                                                                             

 Due to transmission properties of OFDM such as high data 

throughput, flexibility and simple implementation, OFDM has 

become a fundamental into current standards such as DSL, 

Advanced LTE (Long Term Evolution), DAB (Digital Audio 

Broadcasting), DVB (Digital Video Broadcasting), WLAN 

(Wireless Local Area Network) IEEE 802.11g and WiMAX 

[5][8] . 
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Abstract—This paper deals with Ultra-Wideband (UWB) 
communication technology. Where in order to study its performance 
evaluation, we ought to study its channel firstly, which is operating in 
a multipath environment. The IEEE 802.15.3a standard is assumed 
that uses four Channel Models, CM1 through CM4 along with 
AWGN. The channel parameters to be estimated are (attenuations 
and delays) incurred by the signal echoes along the propagation 
paths. Moreover, the Time-Hopping signal with Pulse Position 
Modulation (TH-PPM) is discussed here under the multiuser case. 
Selective Rake (S-Rake) receiver will be used here to collect 
multipath and to estimate the channel through Maximum-Likelihood 
(ML) approach. This estimation is applied by using two methods i.e. 
Data Added (DA) and Non-Data Added (NDA). Furthermore, the 
effects of the channel estimation error are simulated by assessing the 
evaluation of MSE. Finally, the performance evaluation of BER 
versus users’ number is assessed. 
 

Keywords—High Bit Rate, Multiuser, s-rake, UWB.  

I. INTRODUCTION 
 LTRA-Wideband technology proves every day to be a 
promising solution for the fourth generation 4G, due to 

the high speed Wireless Personal Area Networks (WPAN) 
technology. UWB signals suffer from high multipath 
resolvability and significant fading problems. Such properties 
together with the low per path energy lead to invoke a Rake 
receiver that exploits the high diversity order and collects 
energy to boost the received Signal-to-Noise Ratio (SNR) [1]. 
This technology is based on transmitting pulses with a very 
short period that imposes in frequency domain an Ultra-
Wideband [2]. It is known that a rake receiver works well in a 
multipath environment, but it requires knowledge of the 
multipath gains and the multipath delays, which are obtained 
using channel estimators. Thus estimation becomes an 
important issue.  

Maximum-likelihood channel estimation approach is 
developed in [3] with the presence of MAI, where the 
estimation is based on a simplified multipath channel model.  

In [4], the simple "sliding window" and "successive 
cancellation" algorithms are considered as a practical channel 

 
 

estimation scheme in a single-user and a comparison between 
direct-sequence and time-hopping, where a more realistic 
UWB channel model proposed by IEEE 802.15.3a group has 
been adopted [5]. 

In [6], channel estimation and signal detection for UWB 
communications have been investigated with Minimum Mean 
Square Estimation (MMSE) rake receiver at 7.5 GHz 
frequency. 

This work aims to make the estimation time as short as 
possible while avoiding complicated algorithms, mainly in the 
case of multiuser and high bit rate. Our contribution is to 
follow the ML approach as in [3], but with channel models 
adopted by IEEE 802.15.3a group. Moreover, in order to make 
the signal processing system as simple as possible, we will use 
a simple impulse shape which is monocycle shape as the first 
derivative of a Gaussian impulse. Also, we will exploit the S-
Rake receiver type and only the multipath components that are 
within 10 dB of the peak amplitude will be taken in 
consideration.   

The steps followed in the present paper start with giving an 
idea in Section II concerning TH-PPM signal and S-Rake 
receiver. In Section III, IEEE 802.15.3a standard mode is 
presented in order to describe UWB channel. Also, UWB 
channel parameters estimation from the received waveform is 
provided, by applying ML approach, and under two methods, 
DA and NDA. Section IV provides simulation results to show 
the performances of high bit rate UWB communication under 
our suppositions.    

II. TH-PPM UWB SIGNAL AND S-RAKE RECEIVER 
The Time-Hopping UWB signal is modulated with Pulse 

Position Modulation (PPM) and transmitted by the desired 
user according to this equation [3]: 
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In the last equation w(t) is the pulse shape and Tf is the 

frame time, i.e., Nf  is a number of frame in one bit. The 
sequence {cj} is the user’s time-hopping code and its elements 
are integers taking values in the range 0<cj<Nc-1; where, Nc is 
a number of chips in one frame; the parameter Tc is the 
duration of chip. 

From equation (1), ai represents the data bits that has a 
duration Tb and is modeled as binary (0 or 1), independent and 
identically distributed (i.i.d.) random variables.  
Correspondingly, δ is modulation factor for PPM modulation 
and the parameter Tw is the duration of pulse; Tw is the 
monocycle duration. Intuitively, increasing the duty cycle 
reduces the MAI (Multiple Access Interference) and improves 
the system performance [7].  

We have chosen the monocycle shape designed by the 
following relation: 
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The output signal of the receiver antenna given by: 
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Where, r(t) is the desired user’s signal, αl and τl are the 

attenuation, and the delay affecting its replica traveling 
through the lth path, v(t) is thermal noise and u(t) represents the 
MAI caused by the other users. 

Assuming that The MAI is thought of as a white Gaussian 
process [8] and as such, it can be lumped into the thermal 
noise in (4), consequently we can write: 
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Where n(t) =v(t)+u(t) is still a Gaussian and white process. 
In order to exploit the multipath diversity existent in the 
received signal, the S-Rake receiver with Lc fingers is used. 
Where, in our case the paths that are within 10 dB of the peak 
amplitude will be captured by fingers. 
 

   
Fig 1. block diagram of a S-Rake receiver. 

The decision statistic is the maximal-ratio combination of 
the outputs of the correlators [9]: 
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The template signal m(t) depends not only on the user’s 

time hopping code, but also on w(t).  
In practice, the parameters αl and τl are not known a priori 

and must be estimated. 

III. IEEE 802.15.3A STANDARD MODE 
The large bandwidth of UWB channels can give rise to new 

effects compared to “conventional” wireless channel modeling. 
For the time-of-arrival statistics, For example, the model uses 
a Saleh-Valenzuela approach [10], as the channel 
measurements showed multipath arriving in clusters. This is 
partly a result of the very fine resolution that ultra-wideband 
waveforms provide.  

The IEEE 802.15.3a measurements, taken in the UWB 
band, observe a lognormal distribution for multipath fading; 
this distribution fits the measurements better than both the 
Rayleigh. The model also statistically characterizes the 
multipath arrival times, thus providing double exponential 
decay.                      

 
Fig 2. an illustration of double exponential decay. 

Mathematically, the impulse response is described as: 
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• X     : represents the log-normal shadowing 
• 

lk ,α  
 : are the multipath gain coefficients 

• 
lT     : is the delay of the lth cluster 

• 
lk ,τ   : is the delay of the kth multipath    

         component relative to the lth cluster 
The distribution of cluster arrival time and the ray arrival 

time are given by:  

      

( ) ( )

( ) ( )
1 1

, ( 1), , ( 1),

exp ,     0

exp ,     0

l l l l

k l k l k l k l

p T T T T l

p kτ τ λ λ τ τ

− −

− −

 = Λ −Λ − > 

 = − − > 

 
         (8) 

         (9)     
where

 

• Λ  : cluster arrival rate 
• λ   : ray arrival rate, i.e. the arrival rate of path    

       within each cluster  
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The channel coefficients are defined as a product of small-
scale and large-scale fading coefficients, i.e., 

 

                        lklklk p ,,, βξα


=                                (10) 

 
The amplitude statistics of the measurements were found to 

best fit the log-normal distribution. In addition, the large-scale 
fading is also log-normally distributed. 
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Where 
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n1, n2 are independent and correspond to the fading on each 
cluster and ray, respectively. 

The behavior of the (averaged) power delay profile is: 
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This reflects the exponential decay of each cluster, as well as 
the decay of the total cluster power with delay. 
Bk.l in (10) is equiprobable +/-1 to account for signal inversion 
due to reflections. The µk,l is given by: 
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In the above equations, ξl reflects the fading associated with 

the lth cluster, and βk,l corresponds to the fading associated 
with the kth ray of the lth cluster. Note that, a complex tap 
model was not adopted here. 

Finally, since the log-normal shadowing of the total 
multipath energy is captured by the term X, the total energy 
contained in the terms αk,l is normalized to unity for each 
realization. This shadowing term is characterized by the 
following: 
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The model parameters were designed to fit measurement 

results. Four different measurement environments were 
defined, namely CM1, CM2, CM3, and CM4. CM1 describes 
a LOS (line-of-sight) scenario with a separation between 
transmitter and receiver of less than 4m. CM2 describes the 
same range, but for a No-LOS situation. CM3 describes a No-
LOS scenario for distances between transmitter and receiver 4-
10m. Scenario 4 finally describes an environment with strong 
delay dispersion, resulting in a delay spread of 25ns. 

A. Data-Aided Estimation  
In this estimation, the transmitted data bits M are known. 

For heuristic reasons we adopt the model in (5) wherein n(t) 
=v(t)+u(t) is white and Gaussian. This amount is made to 
ignore the structure of the MAI and to underestimate its effects 
[11]. 
The parameters α= (α1, α2…αLc) and τ= (τ1, τ2…τLc) are viewed 
as unknown deterministic quantities, and for the time being, 
the number of paths Lc is taken as a known quantity. Let us 
take x~ to indicate a trial value of a variable x, so: 
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The log-likelihood function of the pair (α,τ ) takes the form 

[12]: 
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A more convenient expression is obtained substituting (18) 

into (19) and neglecting the correlation between signal echoes, 
i.e., assuming: 
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Then, performing some ordinary manipulations, we get: 
 

    
∑∑ ∑

==

−

=

−=Λ
Lc

l
lb

Lc

l

M

k
klkj MEaz

1

2

1

1

0

~),~(~2)]~,~(log[ ατατα
  

           (21) 

 
The DA estimation, proposed in [3], is based on searching 

the peaks in the output of the correlation ),~( klk az τ , between the 
received signal and a signal template.  

Then, by performing some ordinary manipulations, the 
multipath gain coefficients are given by: 
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With 
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In order to reach the delays lτ  it is sufficient to maximize 

the following formula to look the locations of the maximal 
values of )~(τJ . 
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B. Non Data-Aided Estimation 
Now we will treat channel estimation when the transmitted 

data bits M are unknown [3].  Furthermore, ML approach is 
used also, and under a low SNR assumption to simplify the 
algorithm. The bits are here viewed as nuisance parameters. In 
[12], we can get rid of them by first computing the likelihood 
function for ak=(a1,a2..aM-1), τ  and α , say ( )τα ~,~,~aΛ , and then 
averaging over the probability density of a~ . This produces the 
marginal likelihood function for  τ , α  as [3]: 

 

                       ∫Λ=Λ adapa ~)~()~,~,~()~,~( τατα                (25) 

 
From which the channel estimates are derived. As we have 

no specific knowledge of the data bits, except that they are 
independent and take on values zero and one with the same 
probability, we model )~(ap  as: 
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Where )~(aδ  is the Dirac delta function. Reasoning as in the 
previous section by (DA) produces: 
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This can be rearranged as: 
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Next, averaging as indicated in (25) provides the desired 
result: 
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The drawback with this expression is that the maximization 

is computationally intense since it requires a numerical search 
over the multidimensional space spanned by )~,~( τα  Moreover, 
as the surface )~,~( ταΛ  might exhibit many spurious maxima, 
false locks would be possible with dramatic degradations in 
receiver performance. Some way out is needed to circumvent 
these obstacles [3]. 

As a first step in this direction we choose to 
maximize )]~,~(log[ ταΛ  rather than )~,~( ταΛ  from (29), we 
have: 
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Next we assume that the SNR is so low that the following 

approximation can be made in (30): 
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Then, rearranging (30) we obtain: 
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This result is rather interesting as it is quite similar to (21). 

In fact the two equations are identical, provided that ),~( Klk az τ  
in (21) is replaced with [ ] 2/)1,~()0,~( lklk zz ττ + . It follows that the 
maximization method developed earlier is still valid with the 
indicated minor change [3]. 

IV.  SIMULATION RESULTS 
We addressed here the performance evaluation of UWB 

communication with own suppositions, taking in consideration 
other parameters assumed in the literature; all results have 
been assessed using MATLAB simulation. Our simulations 
assume that users have the same average power (perfect power 
control) such assuming in [3], [13].  

- The energy of the channel impulse response is normalized 
        As  ∑ = 12

lα  
- The performance over the channels is evaluated using 100 

channel realizations for each Eb/No. 
These results are given by applying high bit rate which is 

the inverse of one bit duration and equals 50Mbps. In fact, this 
speed is unimaginable under these conditions. The sampling 
frequency is chosen fc=25GHz, that means 25 samples per 
monocycle pulse conformably to [3][13], the frames number in 
one bit is taken Nf=2, each impulse occupy one frame, and 
number of chips in one frame is Nc=10 to join ten users, cj is 
the time hopping code associated at desired user in jth frame 
and it is between {0, Nc− 1}, the bit energy Eb is normalized to 
"1", the pulse duration Tw=0.2ns and the modulation factor 
δ=0.2ns. The results have been done over 100 impulse response 
realizations for each channel model (CM1, CM2, CM3, CM4). 
As can be seen from Fig. 3.a and Fig.3.b, the Mean Square 
Error (MSE) evaluation versus Eb/N0 to estimate (τ ,α ) 
associated to the desired user. Moreover, an observation length 
of M=100 bits as estimation sequence is taken. 
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Fig 3. MSE of  DA and NDA  estimation for 
                       a) Gains estimates. b) Delays estimates. 
 
It can be shown that the MSE is in generally with a low 

degradation versus Eb/N0, because the UWB radio channel is 
largely affected by the multipath fading than the white 
Gaussian noise. The DA estimation seems to be better than 
NDA. Also, from an Eb/N0=15dB the estimation of both gain 
and delay performs badly.  

The Fig. 4 shows the Bit Error Rate (BER) versus Eb/N0 for 
different channel models based on DA and NDA estimation. 
We traced also in parallel with UWB channel models the 
AWGN channel separately to show the marginal differences 
between them.   It is clear that by augmenting the model order, 
the BER will be affected brusquely. 
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Fig 4. BER curves versus DA and NDA estimation. 

The Fig. 5 shows the BER versus users’ number, where 
Eb/N0=20dB, and from one to ten users are implicated here. 
We can show that the BER is affected in the two methods and 
they will be closer in high number of users.   
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Fig 5. BER curves for DA and NDA estimation 

                                versus users’ number.  

V. CONCLUSION 
In this paper, a High Bit Rate UWB Communication 

technology has been shown. Where, brief discussion on TH-
PPM signal format and S-Rake receiver are presented. The 
IEEE 802.15.3a channel model has been used across all the 
results shown in this paper. Besides this, the paper describes a 
channel estimation based on ML approach and under two 
methods, DA and NDA. Finally, we note that the 
results make in evidence that when Eb/N0 increases than 20 dB 
we have not more performance a level of the MSE of channels 
estimation. Furthermore, when the type of channel model 
increases, the BER performances perform badly for all channel 
models, even if in the case of multiuser. This work can be 
viewed as a short survey paper on impulse radio UWB 
communications. Where, we have touched in our paper all the 
functional blocks of the UWB transmission link.  

(b) 

(a) 
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Keywords—4G applications, artificial transmission lines, dual 
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Abstract—A dual band rat race coupler with improved 

performances for 4G applications is proposed. It is implemented 
using artificial transmission lines exhibiting dual properties which 
make possible the miniaturization of the device without affecting the 
performances. The two types of transmission lines used to build the 
coupler are: Composite Right Left Handed (CRLH), respectively 
Dual Composite Right Left Handed (D-CRLH) transmission lines. 
The working frequencies are chosen from 4G frequency standard: 
f1=800MHz and f2=2600MHz. The results of simulation are in 
perfect agreement with the theoretical ones. The coupler can be used 
for both frequencies in a relative bandwidth of around 40%. The 
results show great agreement between theoretical and practical 
implementation for both frequencies. 
 

I. INTRODUCTION 
 Dual band components have high applicability in modern 

mobile communication and wireless local area network 
(WLAN) covering two bands because it reduces the number of 
the required circuit components for a given functionality [1], 
[2]. Because of their small size the end device will be reduced 
in space, components and cost [3]. 

Couplers are critical components in communications 
systems, commonly used to isolate receivers from transmitters. 
They are also vital parts of test-and-measurement applications. 
In a communications system, for example, a coupler's isolation 
is significant since poor isolation results in reduced receiver 
sensitivity and higher DC offset. A number of approaches have 
been used to improve isolation between coupler transmit and 
receive ports, but many of these techniques lead to larger 
circuits, and few apply to dual-band couplers [4]. 
Rat-race coupler is one of the most popular passive circuits 
used for microwave and millimeter-wave applications. For 
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example, rat-race coupler is widely employed in the design of 
balanced mixers for obtaining good spurious signal rejection. 
The conventional design offers both 0° or 180° phase 
relationship and equal power splitting at the designated pair 
outputs, as well as perfect isolation between the two input 
ports. However, due to the inherent narrow-band nature of the 
conventional design based on single-section quarter-
wavelength transmission lines, its application to wide-band 
and multi-band systems is thus limited. In the past years, 
research has been mainly focused on bandwidth expansion and 
size reduction techniques [4], [5].  
The artificial lines exhibit many interesting properties, but one 
of them is that they have a dual band behavior.  The most 
common artificial transmission lines are Composite Right Left 
Handed (CRLH), respectively Dual Composite Right Left 
Handed (D-CRLH). As the name suggests their properties are 
dual, meaning that if one line introduces a phase of 900, its 
dual counterpart will introduce -900. Also, the D-CRLH 
transmission line has a stop band between the right-handed and 
left handed regions. It works in the right handed mode below 
the stop band, and in the left-handed mode above the stop 
band, which is the reverse case of a CRLH transmission line 
which has a pass-band transfer characteristic. These particular 
properties can be exploited to realize a dual band rat race 
coupler with enhanced bandwidth and smaller dimensions. 

II. DESIGN OF THE TRANSMISSION LINES OF THE COUPLER 

A. The λ/4 artificial transmission lines 
The rat race coupler has two types of transmission lines:  λ/4 

and 3λ/4 transmission lines. First, we design a λ/4 transmission 
line working simultaneously at the two imposed 4G 
frequencies f1=800MHz, respectively f2=2600MHz. The dual 
band behavior is achieved by using Composite Right Left 
Handed (CRLH) transmission lines [6], which can be realized 
as a ladder network circuit structure. The network is obtained 
by cascading LC unit cells [6], each unit cell satisfying the 
homogenous condition: its length must be much smaller than 
the wavelength corresponding to the working frequencies [7].  

 In order to determine the values for the lumped components 
used to implement the artificial transmission line, we need to 
impose the frequencies, f1, f2, the characteristic impedance, 
which is ZC=70.71Ω for a coupling attenuation of 3 dB [6], the 
number of cells, N and the pair of phases, Φ1, Φ2 at the two 
working frequencies [6].  

An important characteristic of a CRLH transmission line is 
that it exhibits a pass-band behavior, where the whole power 

Dual band rat race coupler for 4G applications 
using CRLH and D-CRLH transmission lines 

Iulia Andreea Mocanu 
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from the input port is transferred to the output port, only 
between two cut-off frequencies which depend on the 
propagation parameters of the line [4]. So, not only the lumped 
elements must be computed, but also these two cut-off 
frequencies. 

The analytical relations are the ones known in literature [6]: 
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In our further analysis, we first consider the minimum 

number of cells which is N=1 and four possible pairs of phases 
[6]. The values of the lumped elements and the cut-off 
frequencies obtained in this case are synthesized in Table I.  

 
Table I Lumped elements and cut-off frequencies for one 

unit cell CRLH transmission line 
Φ1, 
Φ2 

LR 
[nH] 

CL 
[pF] 

LL 
[nH] 

CR 
[pF] 

fcL 
[GHz] 

fcR 
[GHz] 

π/2, 
3π/2 

-20.22 21.08 105 -4.04 0.05 1.16 

-π/2, 
π/2 

-9.82 -1.24 -6.19 -1.96 0.69 2.98 

-π/2, 
-3π/2 

20.22 -0.21 -105 4.04 0.05 1.16 

π/2, 
-π/2 

9.82 1.24 6.19 1.96 0.69 2.98 

 
Analyzing Table I, we can see that only the last pair of 

phases provides positive values for the lumped elements as 
expected. Moreover, the two working frequencies must be in 
the pass-band of the CRLH transmission line [4], given by the 
two cut-off frequencies. So, the last line satisfies all these 
conditions. We now implement a symmetric transmission line 
using the computed values and analyze the performances 
obtained after simulation Ansys Ansoft Designer environment. 
The results are depicted in Fig.1, where markers were placed 
to measure both the return loss and insertion loss at the two 
imposed frequencies. 

 

 
 
Fig.1 Return loss and insertion loss for one cell CRLH 

transmission line 
 
As Fig.1 shows, the performances at the two working 

frequencies are very poor because these frequencies are too 
close to the cut-off frequencies. This means that a larger 
number of cells are required, so we analyze the case of two 
cells transmission lines. Results are given in Table II.  

 
Table II Lumped elements and cut-off frequencies for two 

unit cells CRLH transmission line 
Φ1, 
Φ2 

LR 
[nH] 

CL 
[pF] 

LL 
[nH] 

CR 
[pF] 

fcL 
[GHz] 

fcR 
[GHz] 

π/2, 
3π/2 

-10.11 42.2 210 -2.02 0.02 2.32 

-π/2, 
π/2 

-4.91 -2.48 -12.39 -0.98 0.42 5 

-π/2, 
-3π/2 

10.11 -42.2 -210 2.02 0.02 2.25 

π/2, 
-π/2 

4.91 2.48 12.39 0.98 0.42 5 

 
Analyzing Table II, we can notice that the pairs of phases 

influences the signs of the values for the lumped elements, 
meanwhile the number of cells changes the values of the 
lumped elements and cut-off frequencies. So, again in order to 
fulfill all conditions for a CRLH transmission line in order to 
work properly at the two imposed frequencies, we choose the 
last row of the table. In these conditions, we implement and 
simulate the transmission line with two cells, as the one drawn 
in Fig.2. 
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Fig.2 Symmetrical CRLH transmission line with two unit 

cells 
 
The results of the simulation are presented in Fig.3 and 

Fig.4. 
 

 
Fig.3 Return loss and insertion loss for two cells CRLH 

transmission line 
 

 
Fig. 4 Phases of a two cells CRLH transmission line 
 
The performances are clearly improved: the return loss for 

the two working frequencies reaches 21dB, meanwhile the 
transfer coefficient shows almost 0dB attenuation, which 

means that the whole power is transferred to the output port, at 
both frequencies. Moreover, the phases are approximately 
±90o at the two working frequencies as desired.  

The performances satisfy the conditions imposed, so a 
larger number of cells will not be considered because more 
elements mean more losses. Also, a compromise between 
performances and dimensions must be considered when 
designing such transmission lines. 

 

B. The 3λ/4 artificial transmission lines  
For designing the 3λ/4 transmission line, we consider a 

CRLH transmission line, with the pair of phases (3π/2,-3π/2) 
in order to obtain not only positive values for the lumped 
elements but also a phase difference of π. 

So, the only degree of freedom left is the number of cells. 
The case with only one cell is not taken into consideration 
because of the poor results. Further on, we compute the values 
for the lumped elements and cut-off frequencies using N=2, 
respectively N=3 cells. The values are given in Table III. 

 
Table III Lumped elements and cut-off frequencies for two 

and three unit cells CRLH transmission line 
N LR 

[nH] 
CL 
[pF] 

LL 
[nH] 

CR 
[pF] 

fcL 
[GHz] 

fcR 
[GHz] 

2 14.73 0.82 4.13 2.94 0.86 2.39 
3 9.82 1.24 6.19 1.96 0.69 2.98 

 
It is clear that the case of a transmission line made of two 

cells is not possible because the two working frequencies are 
outside the bandwidth given by the two cut-off frequencies. 
The case of the transmission line with three cells can be 
considered, but still the two working frequencies are very close 
to the cut-off frequencies, having a negative influence over the 
performances. So, in order to improve the performances there 
are two possibilities: one is to increase even more the number 
of cells and the second one is to use a different type of 
artificial transmission line with different properties. If we 
choose to increase the number of cells we will also increase 
the losses introduced by the elements as well as the dimensions 
of the circuit. This is not a practical solution, so we consider 
the second possibility: a D-CRLH transmission line. As the 
name suggests, it exhibits dual properties from the CRLH 
transmission lines. The most important one for our application 
is the dual behavior at the two working frequencies. This 
property is exploited to provide the necessary pair of phases in 
order to create the 3λ/4 transmission line. 

In order to compute the values for the lumped elements and 
the cut-off frequencies we need to impose as in the case of the 
CRLH transmission line, the frequencies, f1, f2, the 
characteristic impedance, ZC=70.71Ω, the number of cells, 
N=2 and the pair of phases, Φ1, Φ2 and then use the analytical 
expressions [8], [9]: 
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We choose to evaluate the D-CRLH transmission line 

obtained from chaining two cells instead of one, because in 
this way the dimensions of the line will remain similar to the 
λ/4 CRLH transmission line. The results are synthesized in 
Table IV.  

 
Table IV Lumped elements and cut-off frequencies for two 

unit cells D-CRLH transmission line 
Φ1, 
Φ2 

LR 
[nH] 

CL 
[pF] 

LL 
[nH] 

CR 
[pF] 

fcL 
[GHz] 

fcR 
[GHz] 

π/2, 
3π/2 

11.1 -312 -0.15 2.29 0.32 6.41 

-π/2, 
π/2 

-7.64 -1.59 -7.96 -1.52 1.13 1.83 

-π/2, 
-3π/2 

-11.1 312 0.15 -2.29 0.32 6.41 

π/2, 
-π/2 

7.64 1.59 7.96 1.52 1.13 1.83 

 
The combination of pairs from the last row in Table IV 

provides simultaneously: positive values for the lumped 
elements, the right position of the working frequencies outside 
the stop-band and dual phases. 

In Fig. 5 the D-CRLH transmission line implemented using 
the computed values for the lumped elements presented. 

 

 
Fig.5. Symmetrical D-CRLH transmission line with two unit 

cells 

The performances obtained after simulation are presented in 
Fig. 6 and Fig.7. Also, markers are placed to measure the 
simulated parameters at the two working frequencies. 

 

 
Fig.6. Return loss and insertion loss for two cells D-CRLH 

transmission line 
 

 
Fig.7 Phases of a two cells D-CRLH transmission line 
 
We observe that the performances are quite similar to the 

ones obtained for a λ/4 CRLH transmission line, meaning that 
the return loss in the pass band is around 21dB for both 
frequencies, the insertion loss is around 0.03dB and the dual 
phases are achieved. So, the 3λ/4 transmission line from the rat 
race implementation is designed using a D-CRLH transmission 
line, implemented using only two unit cells. In this way, both 
the CRLH and D-CRLH transmission lines have the same 
number of components are the dimensions of the coupler are 
reduced. 
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III. CRLH/D-CRLH RAT RACE COUPLER 
The dual band rat race coupler is created from three 

identical λ/4 CRLH transmission lines as the ones in Fig. 2 and 
one 3λ/4 D-CRLH transmission line as the one in Fig. 5. The 
ideal coupler is depicted in Fig. 7. 

 

 
 
Fig. 7 Ideal dual band rat race coupler with CRLH and D-

CRLH transmission lines 
 
The results of simulation are given in Fig.8 and Fig.9.  
 

 
Fig. 8 Return loss, insertion loss, coupling loss and isolation 

of the ideal rat race coupler with CRLH and D-CRLH 
transmission lines 

 

 
 
Fig.9 Phase difference at the output ports of the ideal rat 

race coupler with CRLH and D-CRLH transmission lines 
 
The analysis show two bandwidths centered on each of the 

two imposed working frequencies. The performances of the 
dual band rat-race coupler are given in Table V.  

 
Table V Performances of the ideal dual band rat-race 

coupler with CRLH and D-CRLH transmission lines 
Operating frequency 0.8 GHz 2.6 GHz 
Return loss (S11) 
BW15dB (below 15 dB) 

-21.33 dB 
40% 

-21.36 dB 
39.23% 

Isolation (S41) 
BW20dB (below 20 dB) 

-35.64 dB 
36.25% 

-35.43 dB 
 39.23% 

Insertion loss 1 (S21) -3.04 dB -3.04 dB 
Coupling loss 2 (S31) -3.04dB -3.04 dB 
Magnitude imbalance 
BW1.5dB  

0 dB 
38.75% 

0dB 
40% 

BW10
o 45% 43.84% 

IV. IMPLEMENTATION OF THE DUAL BAND COUPLER 
The physical implementation of the rat race coupler implies 

choosing the lumped components and designing the microstrip 
access transmission lines of 50 Ω. The components are AVX 
Accu  -L 0603 for inductors and AVX UQCS for capacitors. 

The substrate used for the microstrip lines is Rogers 3003, 
with a thickness of 0.5 mm, a dissipation factor, tan δ=0.0013 
and a dielectric constant 3. 

In order to achieve the values for the lumped elements as 
close as possible to the computed ones, we consider 
combinations of elements placed either in series or in parallel. 
In Table VI, there are given these combinations, for both the 
CRLH transmission line and the D-CRLH transmission line. 

The microstriop access transmission line is designed to have 
the characteristic impedance ZC=50 Ω at the central frequency 
of 1.44GHz. Using fine tuning, its length is determined.  
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Table VI Real components for implementation of the CRLH 
and D-CRLH transmission lines 
Type of  
line 

Lumped 
elements 

Computed  
values 

Available value for 
the components 

CRLH 

LR (nH) 4.91 2.2 nH in series with  
1.5 nH and with  
1.2 nH=4.9 nH 

CR (pF) 0.98 0.9 pF in parallel 
with 0.1 pF in series 
with 0.1 pF=0.95 pF 

LL (nH) 12.39 10 nH in series with 
1.2 nH and  

1.2 nH=12.4 nH 
CL (pF) 2.48 2.4 pF in parallel 

with 0.1 pF in series 
with 0.1 pF=2.45 pF 

2CL(pF) 4.96 4.7 pF in parallel 
with 0.2 pF 

=4.9 pF 
LR/2(nH) 2.46 1.2 nH in series with 

 1.2 nH=2.4nH 

D-CRLH 

LR (nH) 7.64 2.7 nH in series with 
3.3 nH and 

1.5nH=7.5nH 
CR (pF) 1.52 1.5 
LL (nH) 7.96 6.8 nH in series with 

 1.2 nH=8 nH 
CL (pF) 1.59 1.6 
2CL(pF) 3.18 2 pF in parallel with  

1.2 pF=3.2pF 
LR/2(nH) 3.82 3.9 

 
The final dimensions of the microstrip line are: width 

w=1.30486mm, respectively length p=6.7087mm. The results 
obtained for the real coupler are given in Fig. 10 and Fig.11.  

 
Fig. 10 Return loss, insertion loss, coupling loss and 

isolation of the real rat race coupler with CRLH and D-CRLH 
transmission lines 

 
 

 
Fig.11 Phase difference at the output ports of the real rat 

race coupler with CRLH and D-CRLH transmission lines 
 
The performances are in very good agreement with the 

theoretical ones. Of course, because of the losses from the real 
components, the insertion loss is poorer than in the ideal case. 
The final results are synthesized in Table VII. 

 
Table VII Performances of the real dual band rat-race 

coupler with CRLH and D-CRLH transmission lines 
Operating 
frequency 

0.8 GHz 2.6 GHz 

Return loss (S11) 
BW15dB (below 15 

dB) 

-21.6 dB 
42.5% 

-23.12 dB 
43.33% 

Isolation (S41) 
BW20dB (below 20 
dB) 

-34.42 dB 
36.25% 

-42.3 dB 
 43.46% 

Insertion loss 1 (S21) 
 

-3.15 dB -3.15 dB 

Insertion loss 2 (S31) 
 

-3.17 dB -3.26 dB 

Magnitude 
imbalance 
BW1.5dB  

0.04 dB 
 
38.75% 

0.09 dB 
 
47% 

BW10
o 43.75% 56.25% 

 
From Table VII we can notice that due to fine tuning, some 

parameters have improved, such as the isolation and the phase 
relative bandwidth. The coupler performs better in the second 
bandwidth, at 2.6 GHz, but it can be used successfully at      
0.8 GHz as well.  

V. CONCLUSION  
A new hybrid rat race coupler is implemented using 

artificial transmission lines for 4G applications. The novelty of 
the coupler is that it uses two types of transmission lines which 
have dual properties and in this way very good results are 
achieved with fewer components. The coupler works with 
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almost the same performances at two arbitrary frequencies, 
exhibiting the dual band property. The results obtained for the 
real case confirm the analytical considerations. A relative 
bandwidth of 35-40% for most parameters shows that the 
coupler can be used in many dual-band applications for 4G. 
The dimension is also improved because of the low number of 
cells, only two. 
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Abstract— Heterogeneous networks with dense small cell 

deployment cause high inter-cell interference. To mitigate inter-cell 
interference, many dynamic interference coordination (IC) 
approaches have been proposed. For dense deployment with high 
interference among cells, traditional forward link dynamic IC can 
cause high air-link packet error rate (PER), due to changing RF 
conditions and inaccurate channel quality indication (CQI), reducing 
or even eliminating any improvements achieved by interference 
coordination. This research describes dynamic centralized 
interference coordination approaches to improve forward link 
performance for both infinite buffer (i.e., FTP download) and delay 
sensitive (i.e., VOIP) traffic for Enterprise LTE femto cell networks. 
These approaches employ a two-level scheme: at the central level, the 
algorithm aims to maximize the network utility, by partitioning the 
network into clusters and exhaustively searching for optimized 
resource allocation solutions among femtocells (femto access points) 
within each cluster; at femtocell level, the algorithm employs existing 
static approaches, such as soft frequency reuse (SFR), partial 
frequency reuse (PFR) to reduce air-link PER,  thus called utility-
based SFR (USFR) and utility-based PFR approach (UPFR). The cell 
throughput and UE’s cell edge throughput (Tput) of infinite buffer 
traffic, packet loss rate (PLR) of VOIP traffic, have been 
characterized and compared between proposed approaches and 
previously proposed methods. 
 

I. INTRODUCTION 
emand for high data rates in wireless mobile networks has 
triggered the design and development of 4G standards, 

such as the Third Generation Partnership Project’s (3GPP’s) 
Long Term Evolution (LTE), which significantly improves 
sector capacities and per user data rate, and enables 
heterogeneous multi-tier deployment. In a typical multi-tier 
deployment, low power/coverage cells, such as micro-cell, 
pico-cell and femto-cell, are distributed within the coverage 
area of macro-cells to improve coverage and capacity. 
However, due to the constraint of spectrum resources, 
operators tend to allocate the same frequency band to neighbor 
cells or overlaid cells, i.e. with frequency reuse factor of 1, or 

 
 

universal frequency reuse (UFR) [1] to improve the efficiency. 
This causes higher inter-cell interference (ICI) among UEs  
who are assigned the same resource blocks (RBs) in neighbor 
cells. This is especially true for the users located close to the 
edge of the serving cell and its neighbor cells.  

The traditional approach to reduce co-channel ICI is 
frequency planning among neighbor cells. There are three 
major static inter-cell interference coordination (ICIC) 
techniques: conventional frequency reuse (FFR), Partial 
frequency reuse (PFR) and Soft frequency reuse (SFR). FFR 
[2] splits the spectrum among cells, where cells which use the 
complete set of channels is called a cluster. Cells within the 
same cluster are assigned different orthogonal frequency band. 
By dividing the network into clusters, the cells with the same 
band in different clusters are far away from each other. And 
this reduces ICI. PFR [3] uses FFR configuration greater than 
unity for cell edge region and uses FFR configuration of unity 
for cell center region. The whole bandwidth is divided into N+ 
1 segment (N is the number of cells within a cluster). One 
segment is used by center UEs, other segments are distributed 
among cells within a cluster for cell edge UE’s. SFR [4] splits 
the frequency band into N segments based on the number of 
cells within a cluster. For each cell, a dedicated segment (or 
called prioritized segment) is assigned for cell edge UEs with 
higher transmit power, other segments (non-prioritized 
segment) are available for center UEs with lower transmit 
power. The entire bandwidth is used by all cells, and 
prioritized segments of different cells within a cluster are 
orthogonal in frequency.  

In addition to static methods, there are semi-static and 
dynamic methods proposed. Adaptive frequency reuse (AFR) 
[5] is a semi-static SFR technique which adaptively adjusts 
frequency reuse factor by taking into account traffic loads and 
data rate requirements of UEs near cell edge. Graphical based 
interference coordination approaches (GIC) proposed in [6, 7] 
are dynamic approaches which mitigate ICI by constructing 
and partitioning interference graph. An interference graph is an 
undirected graph whose vertices represent UEs, and edges 
represent interference between UEs, so that UEs connected 
should avoid the same set of time/frequency resources to 
reduce ICI. Utility based interference coordination approach 
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(UIC) proposed in [8] is a technique targeting to maximize 
total network utility, which employs a two-level scheme to 
reduce complexity. At the sector level, the algorithm calculates 
utilities based on the channel feedback and UEs' demand 
factor which favor UEs with lower long term average 
throughput. At central level, a central entity processes resource 
allocation requests from all involved sectors and resolves 
conflicting requests based on the utility values received from 
sector level algorithm. 

The approach introduced in [8] is based on the assumption 
that the network can be split into pre-defined clusters with 
predictable inter-cluster dependency. It is difficult to 
implement in femtocell networks because femtocells are 
usually deployed at end user locations in an ad-hoc. Also, with 
semi-static or dynamic IC methods, time/frequency resources 
are allocated dynamically, causes large fluctuation in the 
received power of interference signals. In LTE, eNodeBs 
transmit data at each transmit time interval (TTI), according to 
the channel quality indication (CQI) feedback from user 
equipment (UE). With dynamic IC algorithms and changed RF 
conditions, the eNodeB can either re-estimate CQI (which is 
complex and inaccurate) or use the reported CQI. Because the 
CQI feedback doesn’t accurately represent channel condition 
of current TTI, air-link packet error increases significantly, 
especially in case of dense small cell deployment with higher 
interference among cells. The net effect can reduce or even 
eliminate improvements achieved by interference coordination.  

In addition to meeting the high target data rates, 
heterogeneous LTE networks are also challenged to meet the 
quality of service (QoS) requirements imposed by an 
increasing number of real time applications. QoS is defined as 
the ability of a network to provide a service to an end user at a 
given service level [9]. In LTE network, each traffic flow is 
characterized by a set of QoS parameters, such as priority 
level, maximum acceptable delay, acceptable packet loss rate, 
etc. Classic interference coordination techniques are focused 
only on maximizing cell throughput and edge UE’s throughput 
for best effort traffic. Little attention has been given to satisfy 
the QoS requirements of delivered traffic.  

In this research, we observe that static IC methods show 
lower air-link PER than dynamic IC methods and we propose 
novel joint interference coordination approach which 
combines utility based dynamic IC method and static IC 
methods, with considerations of both infinite buffer traffic 
(i.e., FTP download applications) and delay sensitive traffic 
(i.e., VOIP applications), in LTE femto cell network. We use 
and improve upon the two-level scheme proposed in [8] to 
reduce complexity. At the central level, the algorithm aims to 
maximize the network utility, by partitioning the network into 
clusters and exhaustively searching for optimized resource 
allocation solutions among femtocells (femto access points) 
within each cluster; at femtocell level, the algorithm calculates 
utilities and schedules traffic flows according to the resource 
allocated by the central unit, and employs existing static 
approaches, such as SFR or PFR to reduce packet error rate. 

We demonstrated better edge performance of our proposed 
approaches than compared static and dynamic IC approaches. 

The rest of the paper is organized as follows. In Section II, 
femtocell network architecture is explained, and the main 
components of proposed USFR and UPFR algorithms are 
presented. In Section III, simulation methodology and 
simulation assumptions are described. Simulation results are 
shown in Section IV, and Section V concludes our paper. 

II. DESCRIPTION OF METHOD 
In this session, we present our proposed two-level 

interference coordination approaches. The two-level scheme 
refers to the individual femtocell level and central level (runs 
on a central coordinating entity). Figure 1 shows the network 
topology, where femtocells connect to Evolved Packet Core 
(EPC) through public internet, a central entity is used to 
coordinate interference among femtocells. The diagram also 
shows that a UE camped to femtocell1 and detects femtocell2 
as the most dominant interferer on assigned resource blocks. 

 
Figure 1: network topology 

A. UE Feedback and utility calculation 
The algorithm starts on each femtocell with a preparing 

phase. Consider the scenario in which a UE is camped to 
femtocell1 and receives interference from its most significant 
interferer femtocell2 and other neighbors. 

We used LTE-FDD in this research. For each resource 
block (RB) s, the UE feeds back to femtocell two measured 
SINR values: SINRLow (if femtocell2 does not turn off RB s) 
and SINRHigh (if femtocell2 turns off RB s). The SINRs are 
calculated as:  

 (1) 

          (2) 

where  is channel gain between cell n and user u on RB s; 
 is the thermal noise, and  as power transmitted by cell n 

on RB s. 
 Based on the SINR values, femtocell will calculate 

utilities using the following equations: 
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                      (3) 

where is the weight of UE u, calculated based on spectrum 
efficiency, average data rate, head of line delay for delay 
sensitive traffic, and a demand factor [8] that favors UEs with 
lower long term average throughput. After this step, two 
matrices, utilityLow and utilityHigh will be available for each 
femtocell. 
 

B. Pre-Scheduling 
In this step, a temporary user resource allocation indicator 

matrix is determined, by applying the Hungarian algorithm to 
the utilityLow matrix to temporarily assign resource to UEs. 
Hungarian algorithm [8] is a scheduling technique optimal for 
one to one resource allocation. After this step, each RB of 
every femtocell will be attached with a temporary scheduled 
UE, a pair of utility values (utilityLow, utilityHigh) and the 
most significant interfered femtocell, refers as conflict 
femtocell. The following table shows an example of the output 
of step B for femtocell n:  

Table 1: Pre-scheduling results  

Resource 
Block 

User UtilityLow UtilityHigh Conflict 
femtocell 

    Femtocell 2 

    Femtocell 4 

     

    Femtocell y 

 

In the above table, the RB1 of femtocell n is assigned to 
user 1, and it can achieve utility of  if its conflict 
femtocell (femtocell2) turns off RB1; otherwise, the utility it 
can achieve .  

 

C. Central processing 
The results of step B are forwarded to the central entity to 

find resource allocated among femtocells for each RB. The 
central level algorithm includes the following three steps: 

Step1- Graph construction: build up graph for every 
resource block: graph G = (N, V), where N nodes represent N 
femtocells and V edges represent most significant interference 
relationship between femtocells. The graph is directed; if 
femtocell A has most significant interferer B, the direction is 
indicated by drawing an arrow from A (source node) to B 
(destination node). Figure 2 shows an example graph. 

Step2- Graph Partitioning: Breadth First Search [10] has 
been used to partition the graph into clusters. Femtocells that 
cause the most interference are treated as distinguished node 
or head of cluster. The search starts from adding the 
distinguished nodes into a cluster, and keep adding source 
nodes of any femtocell already in the cluster, till the cluster 
reaches a maximum size. Maximum size of cluster is limited 
by a small value to avoid high computation complexity. 

 
 

Figure 2: an example of constructed graph 

 Figure 3 shows the partitioning of the example graph, with 
maximum cluster size set to 5 (letters within parentheses in 
cluster C2 are used to denote femtocell. C2 also shows the 
scenario that if femtocells are equal, any of them can be used 
as cluster head. Our algorithm chooses the first one (femtocell 
a) as head). 
 
 
 

Figure 3: graph partitioning 
 

Step 3- Search within each cluster for an optimal resource 
allocation solution which achieves the highest utility. For 
example, the cluster C2 in figure 3 includes 3 femtocells (a, b 
and c).Thus, 8 permutations exist, and each corresponds to a 
utility. If (a) is not allocated, both (b) and (c) are allocated, 
utility corresponding to this permutation will be: 

 
where  and  are RBs assigned to UEs in step B.   

D. Data transmission 
To reduce complexity, the Central level algorithm should 

run at a period of multiple TTIs. After the central unit 
determines the resources allocated for each femtocell, it 
informs femtocells a list of RBs used for next scheduling 
period. In order to reduce air-link packet error rate, existing 
static ICIC approaches, such as SFR, PFR have been 
implemented at femtocell level to further improve edge UE’s 
performance, thus named utility-based SFR (USFR) and 
utility-based PFR approach (UPFR). 

III. SIMULATION METHODOLOGY 
To evaluate our proposed interference coordination scheme, 

the open source framework, LTE-Sim [9] has been used.  
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The simulation setup is summarized in Table 2: 9 femto 
cells have been mapped into a 3x3 grid layout. Users are 
randomly generated within each cell, 10 realizations have been 
used to randomize simulation and the outputs are averaged. 
The penetration loss of internal walls between femto cells has 
been varied, i.e., ranging from 7 dB to 10 dB, to vary inter-cell 
interference level. For scheduling strategies, proportional fair 
(PF) scheduling has been used for best effort traffic and the 
Log rule (LOG) has been used for VOIP traffic. For VOIP 
traffic, network delay budget is set to 100 ms (packet will be 
dropped if it is not received within 100 ms) and target PLR is 
set to 1%. Each packet transmitted through air-link has 
probability to drop according to a packet error model and re-
transmission will be scheduled with higher priority than 
normal transmission. 

 
Table 2: Simulation Setup 

Cell Parameters 

Number of Cells 9, 3x3 grid 

Cell Size square cell with size of 30m x 30m 

Cell-center Radius  14 meter 

OFDMA Parameters 

Carrier Frequency 2 GHz 

Bandwidth 5 MHz 

Number of RBs 25 

Sub-carrier per RB 12 

Sub-carrier Bandwidth 180 KHz 

Channel Model 

Path Loss (dB) 46.4+20log( )+20log(2/5), d in meter 
Multipath Channel 
Model Jakes model 

Shadow Fading Std 8 dB 

Penetration Loss-ext. wall 20 dB 

Penetration Loss-int. wall Varies 

Power Control Parameters 

Transmit power per cell 20 mW 

Edge/Center Power Ratio 2:1 

Other Parameters 

Best Effort Traffic Infinite buffer 

VOIP Traffic on/off Markov Proc., 3s Avg. "on" time 

Utility Function log(.) 
 

IV. SIMULATION RESULTS 
Figure 4 to figure 10 show the performance of our proposed 

approach, in comparison with static approaches, including 
UFR (ReUse1), FFR with frequency reuse factor of one third 
(ReUse3), PFR and SFR. The same per cell transmit power is 
used among all methods for fair comparison. For the PFR 
approach, the frequency band is split into 2 parts: 1st part is 
used for “center” UEs (10 resource blocks) and 2nd part is 
used for “edge” UEs, which is further split into 3 segments (5 

resource blocks each). Cells are grouped into clusters of size 3; 
each cell in a cluster uses one segment of the 2nd part for 
“edge” UEs. The ratio of power per resource block in edge 
band and in center band is set to 2:1. For the SFR approach, 
the frequency band is split into 3 segments; cells are grouped 
into clusters of size 3; cells within a cluster use different 
segments of the band for “edge” UEs and the rest segments for 
“center” UEs. The same edge/center power ratio as PFR is 
used. And within “edge” or “center” band, power is evenly re-
distributed among RBs used for next scheduling period. 

For ReUse3, PFR and SFR, the cluster is arranged in a way 
that cells use the same “edge” band in different clusters are 
separated as far as possible to reduce inter-cluster interference. 
The same setup of SFR and PFR has been employed in our 
proposed USFR and UPFR approaches. 

First, figure 4 to figure 7 show simulation results for ideal 
conditions that femtocell re-estimate CQIs (complex at 
femtocell eNodeB if not impossible) and schedule data traffic 
according to re-estimated CQIs. These simulations show the 
max performance can be achieved by different ICIC methods. 

Figure 4 shows PLR for VOIP traffic for different ICIC 
methods, with 40 UEs per cell, and varied penetration loss. As 
penetration loss increases, USFR performs close or even better 
than ReUse3, which improves PLR performance by sacrificing 
cell throughput performance (see figure 6). 

 
Figure 4: VOIP PLR vs. penetration loss 

Figure 5 shows PLR for VOIP traffic for different ICIC 
methods, with penetration loss set to 9dB. We can see that 
without ICIC method (ReUse1), the packet loss rate is much 
higher than the target PLR of 1%. The ReUse3 achieve the 
best PLR performance, but with the worst cell throughput. 
SFR and PFR show improvement over ReUse1 and our 
proposed methods, USFR and UPFR further improve PLR 
over SFR and PFR. 

Figure 6 compares the average cell throughput for BE traffic 
for different ICIC methods with penetration loss set to 9dB. 
We see that ReUse1 achieves the highest cell throughput. 
While ReUse3, as expected, delivers the worst cell throughput 
performance. Our proposed approaches, USFR and UPFR, 
show slight performance drop compare with SFR and PFR. 
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Figure 5: PLR for different ICIC Methods 

 

Figure 6: Cell Throughput for different ICIC Methods 

Our proposed methods show better cell edge throughput 
than static methods, especially when inter-cell interference 
level is high. Figure 7 shows the cumulative distribution 
function (CDF) of UE throughput (figure inset to shows 25% 
of lowest throughput samples) for a scenario with 40 UEs per 
cell, with penetration loss of internal walls reduced to 7dB to 
increase inter-cell interference. For simplicity, we compare 
ReUse1, SFR and proposed USFR. Due to high inter-cell 
interference, many UEs stop transmission; cell edge 
performance can be improved by using SFR and UIC, and can 
be further improved by USFR. 

Figures 8 to 10 show simulation results where femtocells 
scheduling data traffic according to UE’s feedback CQI 
without CQI re-estimation. To reduce complexity, the central 
level algorithm runs at a period of 10 TTIs. 

Figure 8 shows air-link packet drop rate of best effort traffic 
for different IC methods, with penetration loss set to 9dB. We 
see high air-link packet drop rate for all utility-based IC 
methods, dues to large fluctuation in RF condition and 
inaccurate channel quality indication (CQI), and our purposed  
approaches, USFR and UPFR, show much lower air-link 
packet drop rate compare to UIC approach. 

 

 
 

 
Figure 7: CDF of UE throughput for different IC methods 

Figure 9 shows Packet loss rate of VOIP traffic for different 
IC methods, with penetration loss set to 9dB. We see that due 
to high air-link packet error rate, UIC’s PLR performance 
drops significantly, and comparing with ReUse1 (no ICIC) 
method shows little improvement. Both UPFR and USFR still 
show significant PLR performance improvement over ReUse1. 
USFR performs better than other static and dynamic 
approaches 

 
Figure 8: Airlink Packet Drop Rate for different IC methods 

 
 Figure 10 shows CDF of throughput of UEs performing 
infinite buffer traffic, for a scenario with 40 UEs per cell, with 
penetration loss set to 7dB to increases inter-cell interference. 
We can see that due to high air-link packet error rate, UIC’s 
cell edge throughput performance drops significantly, and 
compare with ReUse1 (no ICIC) method, little improvement 
can be seen. But our proposed approach, USFR still shows 
significant cell edge performance improvement over other 
approaches. 
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Figure 9: PLR for ICIC Methods with UE CQI feedback 

 
Figure 10: CDF of UE throughput for ICIC methods with UE 

CQI feedback  

V. CONCLUSION 
This research describes two novel ICI reduction algorithms: 

UPFR and USFR, designed to improve the existing static 
interference coordination approaches by introducing dynamic 
utility based algorithm. The proposed joint approaches show 
improved cell edge throughput for best effort traffic and 
improved packet loss rate for delay sensitive traffic, than 
corresponding SFR and PFR approaches. For example, UPFR 
outperforms PFR for more than 2dBs on PLR performance. 
Especially under realistic consideration without CQI re-
estimation, our proposed USFR approach outperforms all 
other approaches in PLR performance, at least 2 times better 
with high number of UEs, which will have superior effect on 
delivering high quality VoIP traffic to UEs. 
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I. INTRODUCTION 

 
Abstract: - This paper presents the definition of a model for 

application of mobile technology in the management of cities. The 
work was developed in the context of use of mobile devices and geo-
referencing technologies for automation of the control process of 
urban furniture. The term street furniture is used to define objects and 
equipment on public areas. 
 

Keywords: - Mobility, Urban Furniture, Field Automation, Global 
Positioning System (GPS), Fully Mobile Wirelessly Connected 
(FMWC), Geographic Information System (GIS) 

his paper is presenting results of the project that was done 
for City Hall of São Paulo – Brazil, to implement a system 

to manage things in urban space. The project SP Urbanismo 
Mobility System (SME/Mostra). 

With the advancement in the technology industry, the 
market started to use the computational tools based on the 
concept of GIS (Geographic Information Systems), which 
besides implementing maps in electronic format has become 
tools for managing physical and social environments [1]. 

GIS are computer systems used heavily since the mid '80s 
linking geographic information (showing where things are) 
with descriptive information (showing how things are), with 
much more depth than traditional paper maps [2]. 

The importance of the sector culminated in the creation in 
1994, of Open Geospatial Consortium (OGC) or OpenGIS, an 
industry consortium, which includes 473 companies, 
government agencies and universities, with aim to develop and 
make publicly available specifications that allow 
interoperability between GIS technologies [3]. 

Currently the various GIS tools on the market are used in 
strategic areas, such as: environmental monitoring, strategic 
business planning, agribusiness, services (sanitation, water, 
electricity and gas), logistics and cities management. 

The growing urbanization process experienced by mankind 
since the late nineteenth century enhances the need for the use 
of GIS tools in city management process. The trend is ever 
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increasing of the towns become metropolitan increasing the 
challenge of more and more people making use of the urban 
landscape and its spaces. 

In this context, the issue of urban planning has been vividly 
discussed and presented as one of the great challenges of cities 
and their managers such as its sub mayors. 

Urban planning actions require a picture of the city with 
current information, allowing a superposition of data available 
in geographic information systems. 

One of the important elements related to urban planning is 
urban furniture, which can be defined as a set of furniture and 
fixtures that organize the urban landscape, intervening, 
participating, facilitating or hindering access of people and 
transit [4]. 

In this paper, we propose a model for application of 
georeferenced systems in the control of street furniture through 
automated processes, using mobile standardized by the OGC 
with the goal of providing updated field data for city planners. 

II. FORMULATION OF THE PROBLEM  
Large cities face number of challenges on of them is 

growing number of residents seeking new opportunities in 
context of work, education or leisure activities. The 
attractiveness of urban centers results in the need to provide 
different elements of street furniture to supply that demand.. 

The city of São Paulo has an area of 1.530km2 which is 
inhabited by 11 million people, according to IBGE (Brazilian 
Institute of Geography and Statistics). Within this area are 
located, among other things, 34,000 companies, 2,000 banks 
and their branches, 4,000 pharmacies and 240,000 stores [5]. 

Above 11 million of SP inhabitants as well as few more 
millions of daily commuters from surrounding areas are 
potential users of various types of urban furniture and city 
equipment located in public areas. 

As the examples of the city urban furniture may pointed out: 
bus stops, taxi stands, notice boards, thermometers, clocks, 
bins, benches, bollards, information totems, garbage 
collectors, traffic lights, police booths, tourist kiosks, public 
toilets, advertising panels, etc. 

The control and standardization, installation and 
maintenance of all the city's street furniture is responsibility of 
SP Urbanismo - São Paulo Urbanismo [6]. 

The SP Urbanismo is a public company controlled by the 
Municipality of São Paulo. With own or outsourced teams. 

Automation of the control of street furniture 
using mobility technologies 

Luis Eduardo Surian Brettas, Vidal Augusto Zapparoli Castro Melo, Eduardo Mario Dias, Maria 
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SP Urbanismo is responsible for : inspection, supervision, 
location and execution of services. The company outsources 
maintenance of some of the urban furniture to private 
companies. 

However the SP Urbanismo does not determine the need for 
installation of furniture. Each secretariat of municipal 
administration has right to indicate the location of the street 
furniture provided that it meets the specifications and designs 
by SP Urbanismo. 

In addition to the Departments of Municipal Administration 
(Urban Infrastructure, Urban Development and Services), the 
City of São Paulo is divided into 96 districts and 32 sub-
prefectures, which can be defined as small administrative sub-
centers of the city with a specific perimeter. Each sub-
prefecture may also interact with projects in their area 
indicating locations, modifications and removal of furniture. 

Above all, the challenges of SP Urbanismo are clearly 
marked: 
• Centralize the location information and the descriptive 

characteristics of each furniture/equipment; 
• Interact and keep city furniture and urban equipment 

without creating bureaucratic obstacles to various decision-
making centers of a metropolis; 

• Standardize the information flow between internal and 
outsourced teams; 

• Manage and delegate tasks for internal and outsourced 
teams. 

 
Figure 1 - City of São Paulo, color code that identifies city regions (Source: 
SP Urbanismo in SME launch document). 
 

In order to solve these challenges, the study called  
FEASIBILITY STUDIES AND DEPLOYMENT OF 

OPERATIONS SOLUTION OF SP URBANISMO 
THROUGH MOBILE GEOREFERENCED COMPUTING 
was conducted. 

To commencement of work the project was organized in 
two parts. The first contains known studies and developments 
and the second called assisted deployment and operation, and 
focuses on put it in beta test and fix all bugs. 

III. SURVEY OF THE PRESENT SITUATION 
The city of São Paulo has a digital map, called Digital City 

Map (MDC), created in 2006 by the Municipal Planning 
Secretariat and technically assisted by data processing 
company PRODAM. 

The whole city was mapped through orthophotos taken in 
2004 with the objectives of update the city mapping system; 
getting a reliable and accurate base map; mapping the entire 
division of lots and road structure. 

All information is stored in the MDC database, Oracle 
Spatial 10g tables. The visualization of data is performed with 
the software suite developed by Intergraph. 

Despite having a georeferenced database, currently urban 
furniture management is made manually, from the receipt of 
the request to the elaboration of the report of completion, as 
there is no integration between the processes of SP Urbanismo 
and georeferenced database of PRODAM. 

With the knowledge of the problems, the first step was to 
study the process of control of urban furniture conducted by 
SP Urbanismo and georeferencing solutions available in 
PRODAM and propose mobility resourced technologies to 
integrate the operations to available georeferenced systems, 
reducing tasks, number of processes and costs. 

As a design assumption, the execution of this work involved 
all areas that were connected to the control processes of urban 
furniture. 

Also as a design assumption, was determined that the pilot 
study would be conducted in the control processes of three 
types of urban facilities: bus stops (bus), the road nameplates 
and clock/thermometer throughout the city, totaling 55,000 
urban equipments. 

All work should be based on standards set by OGC. 

IV. SOLUTION OF THE PROBLEM 
The solution presented took into consideration the 

requirements and standards of internal procedures of 
SP Urbanismo, especially such issues as security, innovation, 
performance, ease of integration, ease of use and 
manageability, functionality, cost, service and support. 

The project SP Urbanismo Mobility System (SME) 
presented many challenges and difficulties that were overcome 
by the team. 

These challenges and difficulties allowed the improvement 
of academic knowledge of the participants, as well as 
increased the team's ability to reach new horizons with the 
improvement of the solutions it develops. 

To achieve greater efficiency in the process, the team 
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decided to divide the actions in the following topics: 

A. Survey of current processes 
The first stage of work was defined by the exchange of 

information between the project team and the municipal staff 
responsible for control of the supervisions of SP Urbanismo, in 
order to understand the daily operation of supervisions. Then 
existing processes were mapped. 

The execution of work involved some areas that have a 
direct connection with the process of supervision, including, 
Urban Projects Management from SP Urbanismo and 
PRODAM. 

Briefly, the work is performed in 7 steps outlined in the 
figure below by lines 1-7 to identify problems in the field, and 
in cases of need of repair, the final service needs to be 
supervised by sending another team to the location represented 
by lines 9 to 15.  

The survey also measured how much time is consumed in 
each process activity. The values were obtained in a survey 
work on the shelters at bus stops. 

CURRENT METHOD 
ACTION 

# DESCRIPTION 
HOURS 
SPENT 

1 
Maps and itineraries preparation for 

surveys 2 

2 

Responsible travels to SP 
Urbanismo to get the maps and 
itineraries that surveys will be 

conducted 2 

3 

Responsibility travels to the bus 
shelters scheduled to conduct 

surveys 1 

4 

Responsible shoots and notes on 
paper the events that occur at each 

bus stop 6 

5 

Responsible download the photos 
on a computer and types the report 

attaching photos 3 

6 Responsible sends the report to his 
superiors 1 

7 

Supervisors distribute tasks 
according to skills and urgencies of 

works 2 

8 
Service provider performs the 

required works -- 

9....15 

Responsible repeats steps 1 
through 7 for verification of services 

performed 15 

  
Total hours spent on traditional 

process 30 

  
Availability for monitoring real-time 

information X 

Figure 2 – Time consumed to evaluate the need for maintenance in shelters at 
bus stops. 

B. Survey of the solutions available on the market 
The work study solutions of Mobile GIS market and 

identified and itemized companies and the solutions they 

provide with existing features on the world market today. 
There are examples of companies that operate in majority of 
the world others only in some countries, with more specific 
(something is missing here what more specific) and developed 
on demand applications. 

 
ESRI 
ESRI is the leading developer of GIS applications, based in 

California and international distributors in more than 90 
countries and more than 1,600 business partners. ESRI's goal 
is to develop comprehensive tools and enable the user to use, 
manage, and provide geographic information. 

Nutiteq 
The Nutiteq is a software company specialized in mobile 

location services, also known as Location Based Service 
(LBS). 

The LBS is normally used for satellite positioning (GPS), by 
cell triangulation (AGPS) or by cell identification (Cell ID) 
services, and the service that uses GPS does not depend on a 
cellular carrier to operate, as the location for triangulation or 
cell identification requires a service offered by local mobile 
operator. 

The application MGMaps possesses a powerful and flexible 
mobile platform developed in J2ME (Java Platform, Micro 
Edition - Java ME). 

Tensing 
The Tensing is a company specialized in international 

mobility software implementations in the area of enterprise 
mobility. 

The Tensing is present in Europe, North America, Australia 
and South Africa, with fields like usage of Mobile GIS 
solutions for sales force automation and fleet management, 
among others. 

RIA 
The RIA Terrasystems began development of GIS 

technologies in 1996. MapPad was their first mobile software, 
especially developed for the Apple Newton, the forerunner of 
modern PDAs. 

The MapPad became ArcPad after the company signed an 
exclusive license with ESRI Inc., in the United States. 

Carmenta 
Carmenta is a Swedish development company that offers 

solutions and services in GIS, and a wide range of solutions 
targeted at the market for geospatial applications. 

The Carmenta Mobile is a "map engine" that allows 
developers to create maps based on a series of 3D features 
services. 

Prodevelop 
Before regarded as an internal use project Prodevelop, 

gvSIG Mobile is now considered as a market product. 
The gvSIG Mobile is a version of gvSIG desktop mobile 

version. There is even an extension that allows export data 
(SHP, GML, DWG, DGN, PostGIS, Oracle Spatial, MySQL 
spatial extensions etc.) GvSIG gvSIG desktop to mobile. 

G4M 
G4M is software developed by Mobile GIS SOLTEC 
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targeting to meet all functions of GIS to mobile devices. The 
G4M has oriented its activities on meeting the needs of the 
work done in the field. 

C. Analysis and proposed technologies to development teams 
Following the same model proposed by the authors in the 

inspection process of Ports, the technological part was divided 
into three interrelated areas: hardware, software, and 
communication. "The interrelationship of these areas is in need 
of harmonizing the technologies according to their availability 
in the market at the time of execution of the project, following 
international standards, in order to allow evolution." [7] 

The combination of the three areas should ensure data 
security, availability in case of failure, integration with existing 
systems, integration with future systems and scalability. To 
meet the above requirements the following architecture was 
proposed based on the client - server model: 

 

 

 
Figure 3. Proposed Architecture. 
 

The above figures are divided into two major blocks: the 
server side and the client side. The server side is centralizing 
all information and client side corresponds to field operations. 

The five subdivisions characterize each step of the model, as 
follows: Existing Server, Mobility Server, Communication 
Between Existing Server and Mobility Server, Field Device 
and Communication Between Field Devices and Mobility 
Server. 

1) Existing Infrastructure 
Today the georeferenced data structure of SP prefecture is 

based on the following market tools: 
- GeoMedia 
- Autodesk 10 
- AutoCAD Map 2008/2009 
- Oracle Spatial 10G 

2) Mobility Server 
A mobility server that manages and provide access to all 

field equipment and communicates with the server installed in 
PRODAM, making all necessary queries and recordings. 
3) Communication 1 

Communication between the Mobility Server and MDC 
Server (installed in PRODAM) is through a dedicated fiber 
optic network for the exclusive use of the City of São Paulo. 

The main specifications are: 
- SFS (Simple Features Specification) 
- WFS (Web Feature Service) 
- WMS (Web Map Service) 
- WCS (Web Coverage Service) 
- GML (Geography Markup Language) 
- KML (Keyhole Markup Language) 
Recently, Google Earth managed to adopt KML as 

international standard by the ISO (ISO 19136:2007) and the 
OGC, which is now responsible for the maintenance and 
development of the code, which was renamed as OpenGIS® 
Geography Markup Language (GML) Encoding Standard. 
4) Field Devices 

The main screens of operation of the SP Urbanismo 
mobility system that will be used in the field through the use of 
PDA’s, are presented below. 

The whole process of the system is to update the 
cartographic database as soon as task is executed, it being 
Survey (Scheduled or Unscheduled), Service Orders 
(Preventive and Corrective) or Supervision. This process 
allows the system to keep up-to-date the process with service 
orders received and executed by SP Urbanismo. 

Home Screen 
The first screen of system displays a form for entries that 

authenticate the information. 

 
Figure 4. Home Screen (authentication). 
 
Screen Authentication 

Home menu 
Shows the user the services available: Survey, SO and 
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Supervision. 
Screen location 
Through visualization of georeferenced maps, the user is 

viewing the work field. 

 
Figure 5. Actions to do. 
 
The coordinates obtained by the GPS are used to validate 
processes described below, since the system always keep the 
coordinates obtained from the cartographic database for the 
geographical references. 

Sign screens of Street Furniture 
As part of the registration process, the user must take a 

picture of the furniture. 

 
Figure 6. Survey. 
 

At the end of the registration process of furniture, the 
system initiates the process of sending information. 

 
Figure 7. Sending information. 
 

Screen Inspection 

 
Figure 8. Receiving information. 
 

Programmed Inspection is a survey delegated to an user 
from the SP Urbanismo in order to collect data about a 
particular street furniture registered in base map. 

Service Orders Screens 
The Service Orders screen will supply the field team - 

responsible for the execution of services in urban furniture – 
with information needed to carry out their work. 

Supervision Screen 
The Supervision screen aims to allow the SP Urbanismo 

enforce it Service Orders were performed as stated in 
execution item. 

 
Figure 9. Supervision. 
 

The system provides a list of addresses, informing the 
supervisor user about locations to perform the checking of 
services carried out. 

 
Figure 10. Supervision. 
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Figure 11. Supervision. 
 
5) Communication 

PDAs connect to the system via the internet (via data 
networks with mobile technology) for authentication of login 
data (username and password). After login, all data collected 
and received from the Mobility Server are circulated through 
the internet. 

Finally, also a study that aimed to create a way to identify 
each existing street furniture in the city of São Paulo via a 
unique code was conducted. The unique code consists of 
furniture location, type, distance from the center and other 
information. This study was developed by the SP Urbanismo 
internal team and the result was used in the current project 
creating an algorithm to encode each equipment. 

 
Figure 12. Equipment Identification Code (CIE). 

 

D. Results Obtained 
In numbers, the study allowed a reduction of over 70% in 

the time required to plan and carry out a survey work in the 
field of georeferenced data and update the Digital City Map, as 
we can see in the Figure 13. 

The solution comes with an innovative concept with the 
ability to interact with the Digital City Map completely online 
and following the concepts of global standards from the OGC. 

Following the OpenGIS standards meant freedom because it 
allows to chose which technology to use to implement the 
Digital City Map, thus allowing PRODAM to make the 
exchange of technology without invalidating the solution 
found for SP Urbanismo. 

Furthermore, the design of the system SME/Mostra was 
performed dynamically, allowing that, throughout its lifetime, 
new features can be aggregated with little modification in its 

solution. 

V. CONCLUSION 
The model proposed to SP Urbanismo follows strict 

principles of design and attention to functional needs required 
for the control process of urban furniture. 

The results obtained indicates that it was a real saving of 
resources (Figure 13), both physical and human, and provided 
greater process agility, and ensured greater confidence in 
information, both because of the ability to work in real time. 

The ability to integrate with existing systems, as well as its 
flexibility in adapting to new systems and scalability has been 
proven successful. 

It emphasizes the innovative aspect of the proposed 
solution, since it was worked on the convergence of different 
technologies and protocols, and the adoption of mobility as a 
decisive factor in the success of the process. 

The proposed system is also vital to meet the future needs of 
the SP Urbanismo, tending to the automation of the control of 
all urban facilities. 

The scaling solution is a challenging issue that requires 
careful study of the workload from real situations, 
characterizing users and almost realistic simulations that allow 
us to determine the best settings and possible bottlenecks in 
the system. 

 
CURRENT METHOD AUTOMATIZED SOLUTION 

 

ACTION 
# DESCRIPTION 

HOURS 
SPENT DESCRIPTION 

HOURS 
SPENT 

1 
Maps and itineraries 

preparation for surveys 2 
Maps and itineraries 

preparation for surveys 0,5 

2 

Responsible travels to 
SP Urbanismo to get the 
maps and itineraries that 

surveys will be 
conducted 2 

Obtaining maps and 
routes on PDAs is done 

through the Internet 
without the need to 

travel 0 

3 

Responsibility travels to 
the bus shelters 

scheduled to conduct 
surveys 1 

Responsibility travels to 
the bus shelters 

scheduled to conduct 
surveys 1 

4 

Responsible shoots and 
notes on paper the 
events that occur at 

each bus stop 6 

Responsible shoots and 
notes in electronic form 
on the PDA and sent to 
the management system 2 

5 

Responsible download 
the photos on a 

computer and types the 
report attaching photos 3 

There is no need for this 
step because all the 

data are electronically 
transmitted directly from 

the PDA 0 

6 Responsible sends the 
report to his superiors 1 There is no need for this 

step, avoiding errors 0 

7 

Supervisors distribute 
tasks according to skills 
and urgencies of works 2 

System automatically 
sends the job to 
responsible for 

implementing services 0 

8 

Service provider 
performs the required 

works -- 

Service provider 
performs the required 

works -- 

9....15 

Responsible repeats 
steps 1 through 7 for 

verification of services 
performed 15 

Responsible repeats 
steps 1 through 7 for 

verification of services 
performed 3,5 
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Total hours spent on 
traditional process 30 

Total hours spent on 
electronic process 7 

  

Availability for 
monitoring real-time 

information 
X 

Availability for 
monitoring real-time 

information 
√ 

 
Figure 13 - Comparative table - Evaluating the need for maintenance in 
shelters at bus stops 

 
The support of SP Urbanismo and PRODAM teams 

throughout the development phase was essential to the 
project’s success. This support can be translated into ease of 
communication, availability for work meetings, setting work 
standards and above all, cooperation. 
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Abstract—The abilities of non-binary multithreshold decoders 

(qMTD) for self-orthogonal codes in q-ary symmetric channel (qSC) 

with alphabet size q are analysed. The bit error rate performance of 

qMTD is compared with the decoder performance for Reed-Solomon 

codes and non-binary low-density codes. Simulation results shown 

that qMTD is considerably better than other methods of error 

correction regarding supported decoding error probability in case of 

comparable efficiency. A new concatenated coding scheme, which 

consist of two non-binary self-orthogonal codes (qSOC), is proposed. 

Comparisons with recent concatenated encoding scheme consisting 

of qSOC and non-binary Hamming are discussed, showing that the 

new scheme can offers better performance.  

 

Keywords—concatenated codes, error-correcting codes, 

non-binary codes, non-binary multithreshold decoder.  

I. INTRODUCTION 

The increasing reliance on digital communication and the 

digital technologies as an essential tool in a technological 

society have placed error-correcting codes in a most prominent 

position. The effect from error-correcting codes applications 

can be expressed that they allow to work in case of 

significantly lowered level of a useful signal or in case of high 

error level. Error correcting methods can improve of many 

important features of communication systems (for example, 

increasing of communication range, decreasing of transmitter's 

power and antenna size). The real-world applications go far 

beyond the CD player to all of computing and data 

transmission technology, including hard disk drives, satellite 

communications, and digital television.  
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At present time specialists take an active interest in non-

binary codes operating with digital data at symbolic level, for 

example data with byte structure. Non binary (symbolic) codes 

are applied in channels with grouping errors and as a 

constituent element of concatenated codes. Symbolic codes are 

used for error correction protection information on various 

media (CD, DVD, Blu-ray and others). 

Frequently, very elaborate precautions must be taken in 

present storage system to insure that they are free from errors. 

For example, magnetic tapes must be specially made and 

handled to guarantee the absence of defects, magnetic cores 

must be carefully tested to make sure that no defective cores 

get into an array. There are other storage methods whose 

development is hampered because of a common requirement 

for error free performance in all storage locations. With the 

use of error correction codes, such storage systems could be 

used, if they are sufficiently close to perfection, even though 

not perfect. Non-binary systems are be more erratic or noisy 

than binary storage systems, since each location must store one 

of many signals instead of one of two. This suggests that error 

correction codes may become essential with certain types of 

non-binary storage systems. The purpose of this paper is to 

develop codes for such storage systems and discover which 

decoding algorithms are most efficient. 

Analysis of non-binary correcting codes and decoding 

algorithms showed that Reed-Solomod codes (RS) are very 

widely used in mass storage systems to correct the burst errors 

associated with media defects. Algebraic decoding algorithms 

allowing to correct up to half-distance errors are developed for 

RS codes [1], as well as more complex algorithms [2] 

providing correction of higher error number. But practically 

applied RS decoders can’t ensure high decoding efficiency 

since it is impossible to build a decoder for long RS codes due 

to its highly difficult implementation. Lately many specialists 

have been developing non-binary low-density decoders 

(qLDPC) capable of very high efficiency [3]. However, the 

increased complexity of implementation, especially when 

alphabet size q is large, impedes their application in real 

systems. 

In fact, J. Massey considered non-binary correcting codes 

and proved Theorems 1÷4 for these codes in [4]. But then he 

spoke negatively about these codes possibilities in sections 

1.2, 6.2, 6.5, 6.6 and 8.2 of the same book and no longer 
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engaged in the topic. A new iterative multithreshold decoding 

algorithm based on Massey algorithm [4] was developed in 

Russia [5-6]. A multithreshold decoder (MTD) is the 

development of the ordinary threshold decoder (TD) [4]. The 

each iteration of MTD differs from TD only presence 

“difference” register in which the information symbols 

changed by threshold element are marked. The value of this 

method shows that the majority algorithms provide almost 

optimal performance and have only linear computational 

complexity, as usually optimum methods are characterized by 

exponential complexity. Great interest to MTD is shown not 

only in Russia [7, 8].  

 Symbolic q-ary multithreshold decoders (qMTD) for q-ary 

self orthogonal codes (qSOC) is considered in [9-11]. The 

SER performance of qMTD is shown to be close to the results 

provided by optimum total search methods, which are not 

realizable for non-binary codes in general. qMTD decoders are 

compared with different decoders for non-binary RS and 

qLDPC codes. Research results presented in [11] show that 

qMTD for qSOC greatly exceed in efficiency decoders for RS 

codes and qLDPC codes  being used in practice remaining as 

simple to be implemented as their prototypes – binary MTD.  

It is also very important not to use multiplication in non-binary 

fields during encoding and decoding as well as total 

independence of alphabet codes lengths from the size of 

applied symbols. Therefore, the qMTD for qSOC can be 

widely used in the processing, storage and transmission of 

large amounts of audio, video and other data. 

 This article reviews operation principles of symbolic 

multithreshold decoders, compares their efficiency with 

efficiency of other error correction methods and presents new 

approaches to improve qMTD efficiency. The other parts of the 

paper are arranged in the following way. Section II gives the 

concept of the q-ary multithreshold decoding. Section III 

shows the simulation results of qMTD efficiency comparison 

with efficiency of decoders for RS codes. A new concatenated 

coding scheme consisting of two non-binary self-orthogonal 

codes and its efficiency analysis are considered in Section IV.  

Section V shows the main conclusions of the paper.   

II. NON-BINARY MULTITHRESHOLD DECODING 

Let’s describe operating principles of qMTD for qSOC 

decoding. The description is given for q-ary symmetric 

channel (qSC) having alphabet size q, q > 2, and symbol error 

probability p0. 

Let’s assume linear non-binary systematic convolutional or 

block self-orthogonal code with parity-check matrix H to be 

equal to binary case [6], i.e. it has only zeros and ones 

excluding the fact that instead of 1 there will be –1 in identity 

submatrix, i.e. H = [P : –I]. Here P – submatrix defined by 

generator polynomial for binary SOC; I – identity submatrix. 

Generator matrix of such code will be of G = [I : PT] type. 

This code can be used with any alphabet.size q.  

The example of a scheme realizing the operation of 

encoding by block qSOC, given by generator polynomial 

g(x)=1+x+x4+x6, is shown in Fig. 1. Such code is characterized 

by the parameters: code length n=26 symbols, data part length 

k=13 symbols, code rate R=1/2, code distance d=5. 

 

Note that for this qSOC during encoding and decoding 

operations only addition and subtraction on q module are 

necessary to be made. Calculations in non-binary fields are not 

applied in this case.  

Let’s assume that encoder has performed encoding of data 

vector U and received code vector A = [U, V], where V = U · 

G. Note that in this example and below when multiplication, 

addition, subtraction of vectors and matrices are made, module 

arithmetics is applied. When code vector A having the length n 

with k data symbols on qSC is transmitted decoder is entered 

with vector Q, generally speaking, having differences from 

original code vector due to errors in the channel: Q = A + E, 

where E – channel error vector of qSC type. 

Operating algorithm of qMTD during vector Q decoding is 

the following [6]. 

1. Syndrome vector is calculated S = H · QT. Difference 

register D is reset. This register will contain data symbols 

changed by decoder. Note that the number of nonzero 

elements of D and S vectors will always determine the distance 

between message Q received from the channel and code word 

being the current solution of qMTD. The task of decoder is to 

find such code word which demands minimal number of 

nonzero elements of D and S vectors. This step totally 

corresponds to binary case. 

2. For arbitrarily chosen decoded q-ary data symbol ij of the 

received message let’s count the number of two most frequent 

values of checks sj of syndrome vector S from total number of 

all checks relating to symbol ij, and symbol dj of D vector, 

corresponding to ij symbol. Let the values of these two checks 

be equal to h0 and h1, and their number be equal to m0 and m1 

correspondingly when m0 ≥m1. This step is an analogue of 

sum reception procedure on a threshold element in binary 

MTD. 

3. If m0–m1 > T, where T – a value of a threshold (some 

integer number), then from ij, dj and all checks regarding ij 

error estimation equal to h0 is subtracted. This step is 

analogous to comparison of a sum with a threshold in binary 

decoder and change of decoded symbol and correction via 

feedback of all syndrome symbols being the checks for 

decoded symbol. 

 

 
 

Fig. 1 encoder for block qSOC, given by polynomial g(x)=1+x+x4+x6 
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4. The choice of new im, m ≠j is made, next step is clause 2. 

Such attempts of decoding according to cl. 2…4 can be 

repeated for each symbol of received message several times 

[6]. Note that when implementing qMTD algorithm the same 

as in binary case it is convenient to change all data symbols 

consequently and to stop decoding procedure after fixed 

number of error correction attempts (iterations) or if during 

such iteration no symbol changed its value.  

The example of qMTD implementation for encoder from 

Fig. 1 is given in Fig. 2. 

III. QMTD CHARACTERISTICS IN THE QSC 

 Let’s compare characteristics of qMTD and other non-

binary error correction methods in qSC. The volume of 

simulation in lower points of these graphs contained from 

5·1010
 to 2·1012

 symbols which shows extreme method 

simplicity.  

Dependencies of symbol error rate Ps after decoding from 

symbol error P0 probability in qSC for codes with code rate 

R=1/2 are given in Fig. 3. Here curves 4 and 5 show 

characteristics of qMTD for qSOC with block length n=4000 

and 32000 symbols when using 8-bit symbols (alphabet size 

q=256). As a comparison in this Figure curve 1 shows 

characteristics of algebraic decoder for (255, 128) RS code for 

q=256. As it follows from the Fig. 3, efficiency of qMTD for 

qSOC turns out to be far better than efficiency of RS code 

decoders using the symbols of similar size. 

When code length in qMTD increases the difference in 

efficiency turns out to be even higher. Besides different 

methods to increase correcting capability of RS codes 

including all variations of Sudan algorithm ideally have the 

complexity of n2 order. For the codes having the length of 

32000 symbols this leads to the difference in complexity equal 

to 32000 times having at the same time little increase of error-

correctness. This is shown in Fig. 3 by curve 3, which gives 

Sudan algorithm features for (255, 128) RS code. 

 

Note that even when using concatenated schemes of error 

correction based on RS codes it’s not possible to increase 

decoding efficiency considerably. E.g., with the help of 

product-code having code rate 1/2, consisting of two RS codes 

with q=256 and several dozens of decoding iterations error 

rate less than 10-5
 can be provided with error probability in the 

channel only equal to 0,18, which is considerably worse than 

when using qMTD. 

Additional advantage of qMTD over other error correcting 

methods is the fact that it allows to work easily with symbols 

of any size providing high correcting capability. This is 

confirmed by curves which show characteristics of qMTD for 

code having the length equal to 32000 two-byte symbols 

(curve 6) and to 100000 four-byte symbols (curve 9). We 

should note that very simple to be implemented qMTD 

decoder for two-byte code with the length 32000 is capable to 

provide error-correctness not accessible even by RS code with 

the length of 65535 two-byte symbols (curve 2 in Fig. 3), the 

decoder for which is not to be implemented in close future. 

Besides, qMTD for four-byte symbols even surpasses in 

efficiency more complicated decoder of qLDPC codes with the 

length of 100000 four-byte symbols which has the example of 

characteristics presented in Fig. 3 by curve 8 [10]. 

To achieve these results codes for qMTD should be chosen 

very thoroughly and the main criterion while choosing should 

be the degree of resistance to the effect of error propagation. 

In the codes optimizing process it’s possible to improve 

efficiency of qMTD [12]. Particularly, characteristics of the 

code with q=256 and code rate 1/2 found in [12] are given in 

Fig. 3 by curve 7. It is clear that this code provides effective 

work in conditions of bigger error probabilities in qSC, than 

the codes known before (curve 5), having the same complexity 

of their decoding. Noted that part of corrected errors in qSC is 

increased up to 26.5% without complication of decoder due to 

choice of best code structure. 

IV. PERFORMANCE OF CONCATENATED SCHEMES OF ERROR 

CORRECTION BASED ON QМTD BASE 

One of the ways to improve qMTD characteristics is to use 

 

 
 

Fig. 2 qMTD for block qSOC 

 
Fig. 3 characteristics of non-binary codes in qSC (R=1/2)  

Latest Trends on Communications

ISBN: 978-1-61804-235-4 102



 

 

it in concatenated encoding schemes. 

The first concatenated encoding scheme consisting of inner 

qSOC and outer non-binary Hamming codes is considered in 

[11].  

At the same time known non-binary Hamming codes have 

such features as the necessity to use extended Galois fields in 

the process of decoding as well as dependence of code length 

from alphabet size. As a result the application of such codes in 

offered concatenated scheme especially when the alphabet is 

big becomes too complicated. That’s why it could be offered 

to build nonbinary Hamming codes [11] on the basis of known 

binary Hamming codes. The proposed decoding algorithm for 

modified non-binary Hamming codes in majority of cases 

(approximately in 71% cases for q=256 [11]) is able to correct 

even two errors. And if it is use offered extended non-binary 

Hamming codes having in addition one general check on 

module q then two errors are practically corrected in all cases 

(in 99% of cases for q=256 [11]). The example of performance 

of offered concatenated scheme containing qSOC with 

R=8/16, q=256, d=17 and given extended non-binary 

Hamming code with the length N2=128 is shown in Fig. 3 by 

curve 10. At the same time total decoding complexity due to 

addition of extended non-binary Hamming code increases not 

more than 35 % [11]). 

The second concatenated encoding scheme consisting of 

inner qSOC and outer qSOC is proposed in this paper. The 

codes form a symbolic code-composition.  

Let's consider the concatenated encoding scheme and a 

decoding method. 

Let the inner non-binary code C1 has a minimum code 

distance d1, code length N1 and an information part length K1 

and the outer non-binary code C2 has a minimum code distance 

d2, code length N2 and an information part length K2.  

First each informational sequence are put in a matrix of size 

K1 × K2. The matrix is encoded on columns by code C2, then 

result is encoded on rows with using of code C1. As a result 

each matrix row is a code word of the inner code while each 

column is a code word of the outer code. The symbolic code-

composition has a code length N1N2, an information part length 

K1K2, a minimal code distance is d1d2, a code rate R = K1K2/ 

N1N2. After completion of coding procedure data from matrix 

are read out by rows and transmitted over q-ary symmetric 

channel (qSC). 

Structure of the code word for the proposed concatenated 

encoding scheme is presented in Fig.4, where symbols marked 

by I correspond to the information symbols of the inner code,  

and symbols marked by C(2) - checking symbols of the outer 

code. Checking symbols of the outer code for information 

symbols I are denoted by C(1). Checking symbols of the inner 

code for checking symbols of the outer code are indicated by 

C(*).  

 At the decoding of the concatenated code first qMTD 

performs decoding of non-binary inner qSOC (decoding by all 

rows), and then using another qMTD performed decoding of 

non-binary outer qSOC (decoding by columns corresponding 

to information symbols of the concatenated code). 

 

For the proposed concatenated encoding scheme we form a 

rule according to which qMTD of the outer qSOK should work 

so that each change of decoded symbols a transition to a more 

plausible solution in comparison with previous decoder 

solutions takes place. 

Let’s choose a non-zero value check h among all of the 

checking elements of syndrome and difference registers for the 

decoded symbols uij and find the value of the following 

expression 
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then a distance between a received message and a code word 

of the concatenated code is reduced and consequently we pass 

to more plausible solution. Here nij
(x) is a number of elements 

of the syndrome and differential registers for inner qSOC 

relevant to information symbols uij, which values are equal to 

x; Ωi is a set of check numbers participating in decoding of 

outer code symbol i; smj
(2) is an element of syndrome array of 

the outer qSOC decoder. 

The characteristics of the proposed decoding method is 

presented in Fig. 3 by curve 11 which corresponds to the 

decoder performance of the concatenated code, consisting of 

the inner qSOK with d = 5 , R = 8/16 and the outer qSOK with 

d = 7 , R = 19/20  and q=256. Note that the proposed decoding 

method can be effective in conditions of bigger error 

probabilities in qСК (27.5% of bytes errors) that is 

unattainable for other practically realizable error correction 

methods of symbolic data.

 
V.  CONCLUSIONS 

In the paper the abilities of symbolic multithreshold 

decoders (qMTD) for self-orthogonal codes in q-ary 

symmetric channel (qSC) with alphabet size q are considered. 

The efficiency of qMTD algorithms in SER and in realization 

complexity is better than the efficiency of decoders for Reed-

Solomon codes. This is defined the effective transfer of binary 

I

C(2)

C(1)

C(*)

 
Fig. 4 code word of the concatenated code  
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multithreshold decoding ideas on very simply organized non-

binary codes of any.  

A new concatenated coding scheme, which consist of two 

non-binary self-orthogonal codes (qSOC), is proposed. 

Comparisons with recent concatenated encoding scheme 

consisting of qSOC and non-binary Hamming are presented, 

showing that the new scheme can offers better performance. 

Note that qMTD implementation complexity does not 

depend on alphabet size which enables to produce decoders of 

multithreshold type (including concatenated encoding scheme) 

efficiently correcting errors even in multibyte symbols (for 

example, in four byte symbols and more) for which 

development of other decoders is very difficult. Thus qMTD 

can replace Reed-Solomon codes in different data transmission 

and data storage systems. 

Great deal of additional information on multithreshold 

decoders can be found on websites [18]. 
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An Integer Wavelet Transform Based Watermarking

System for PCM Signals
Mario Gonzalez-Lee, Luis J. Morales-Mendoza ,Yuriy Shmaliy, Rene F. Vazquez-Bautista , Hector Perez-Meana ,

Mariko Nakano-Miyatake , Gabriel Sanchez-Perez , Efren Morales-Mendoza , Raul Varguez-Fernandez.

Abstract—In this paper, a watermarking system based on the
integer wavelet transform is proposed. A set of different wavelets
was chosen for this propose so their performance as watermark
transmission channel can be analyzed. In the proposed system, the
watermark is embedded in the second decomposition level of the
wavelet transform of a PCM signal in a block wise approach, the
coefficients of the wavelet transform are assumed to be accurately
modeled as a Laplacian channel so the optimal watermark detector
is used. A set of attacks were performed in order to test system’s
robustness showing that is robust against several types of attacks such
as additive white noise, low pass filtering, cropping, among others;
the best suited wavelet class for developing watermarking systems
was identified too.

Keywords—Watermarking, Integer wavelet transform, Optimal de-
tector, Laplacian channel.

I. INTRODUCTION

A very handy approach to watermarking is to establish

analogies to the very strong field of the theory of commu-

nications, in this context, we can think of a watermark as a

signal that propagates through a communications channel, the

receiver must to assess the presence of the watermark. In order

to manage to detect a watermark, the channel is modeled using

a known Probability Density Function (PDF) so the effects of

the channel can be predicted.

We focus in the case of the watermark propagating through a

Laplacian channel and its applications to audio watermarking,

a Laplacian channel is a channel that can be statistically

modeled using a Laplacian PDF.

The watermarking model is shown in Fig. 1, we can identify

the main input variables: the cover, which is an audio signal

that will carry the watermark, a user’s key which is used

to generate a pseudo-random signal and the embedding gain

which is related to the embedding energy of the watermark.

In this work, a watermark is a binary signal W =
[w1, w2, w3, . . . , wN ], with wi ∈ {−1, 1}∀i and is zero mean

with variance 1. This watermark is embedded in the cover

X = [x1, x2, x3, . . . , xN ] so we get the watermarked signal

Y = [y1, y2, y3, . . . , yN ] ; Ideally, the cover does not interfere
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Fig. 1. Watermark propagation model.

the watermark, however in practice this is not true, in conse-

quence, we model the effects of the cover within the channel

block, and attacks to the watermark are modeled as noise in

the channel during the propagation of the watermark.

Once the watermark reaches the receiver, it has to assess

the presence of the watermark, usually by computing two

statistics, one that measures the presence of the watermark

in the possibly watermarked audio signal and the other is a

threshold. If the computed statistics surpasses the threshold

value, the watermark is considered to be found, otherwise, the

watermark is considered to be absent. The computed statistics

are often known as the decision variable d and the decision

threshold Th respectively.

Reliability of the watermark system relies upon the proper

mathematical model, since it leads to the derivation of optimal

values for both d and Th, in this work, and given the channel

is considered to be accurately modeled using a Laplacian PDF,

d and Th are optimal values according Maximum Likelihood

and Neyman-Pearson’s Criterion.

The remaining of this paper is organized as follows in Sect.

I-A audio watermarking related works are discussed, then in

Sect. I-B we will introduce the integer wavelet transform equa-

tions used in this work, in Sect. II the proposed watermarking

system is discussed in detail and the experimental results are

presented in Sect. III; finally the conclusions in Sect. IV and

references.
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A. Related Works

There are some works in the field of audio watermarking

that make use of the Laplacian channel model, for example,

the authors of [1] change the length of the intervals between

salient points of the audio signal to embed data. Their re-

sults suggest that the algorithm is robust to common audio

processing operations e.g. MP3 lossy compression, low pass

filtering, and time-scale modification. The major drawback of

this proposal is its low bit embedding rate.

In [2], the analysis filterbank decomposition, the psychoa-

coustic model and the empirical mode decomposition (EMD)

techniques are used. This algorithm embeds the watermark bits

in the final residue of the subbands in the transform domain.

The authors claim that the scheme is robust against MP3

compression and Gaussian noise attacks. A drawback is that

it might not be robust to common attacks such as band-pass

filtering and cropping.

The adaptive tabu search (ATS) has been explored in order

to develop watermarking systems, in [7], the Daubechies

wavelet decomposition is used for watermark embedding. The

optimal intensity of watermark is searched by using the ATS.

Experimental results show that watermark is inaudible and

robust to many digital signal processing, such as resamplig,

cropping, low pass filter, additive noise and MP3 compression.

In [3], [4], the authors propose to use the Laplacian channel

model for audio signal in temporal domain, an optimal detector

and the threshold equation are derived, such system is semi-

fragile, but has several advantages, first, since no transform

domain is involved, the resulting system has very low com-

putational complexity, second, memory requirements could be

easily satisfied.

This paper is an extended version of [8], a watermarking

system in the Integer Wavelet Transform domain, assuming

they can be accurately modeled as a Laplacian communication

channel is proposed. Several Wavelets were tested in order to

select the best suited wavelet for a robust watermarking sys-

tem. Once identified, a watermarking system was derived, the

resulting scheme has low complexity and it proved to perform

remarkably well, furthermore, it proved to be unaffected for

low pass filtering attack and additive white noise and phase

inverting attack whilst it is almost unaffected for cropping

attack and echo attacks.

B. Integer Wavelet Transforms

An Integer Wavelet Transform (IWT) maps a set of integers

into another set of integers, this property is well suited for

signal coding for example in lossless image compression [6].

In our case, integer coefficients reduce damage to embedded

watermark caused by quantization, in addition, the well know

advantages of the IWT can be exploited for robust watermark-

ing systems design.

The following equations are mathematical definitions of

several IWT used in this work, here the notation IWT(m,n) is

used to denote an IWT with m and n vanishing moments in

the analysis and synthesis high pass filters respectively ([5],

[6]).

IWT(1,1):

dn = x2n+1 − x2n , (1)

sn = x2n +

⌊

dn
2

⌋

. (2)

IWT(2,2):

dn = x2n+1 −

⌊

1

2
(x2n + x2n+2) +

1

2

⌋

, (3)

sn = x2n +

⌊

1

4
(dn−1 + dn) +

1

2

⌋

. (4)

IWT(2,4):

dn = x2n+1 −

⌊

1

2
(x2n + x2n+2) +

1

2

⌋

, (5)

sn = x2n +

⌊

19

64
(dn−1 + dn)

−
3

64
(dn−2 + dn+1) +

1

2

⌋

. (6)

IWT(4,2):

dn = x2n+1 −

⌊

9

16
(x2n + x2n+2)

−
1

16
(x2n−2 + x2n+4) +

1

2

⌋

, (7)

sn = x2n +

⌊

1

4
(dn−1 + dn) +

1

2

⌋

. (8)

IWT(4,4):

dn = x2n+1 −

⌊

9

16
(x2n + x2n+2)

−
1

16
(x2n−2 + x2n+4) +

1

2

⌋

, (9)

sn = x2n +

⌊

9

32
(dn−1 + dn)

−
1

32
(dn−2 + dn+1) +

1

2

⌋

. (10)

IWT(6,2):

dn = x2n+1 −

⌊

75

128
(x2n + x2n+2)

−
25

256
(x2n−2 + x2n+4) +

3

256
(x2n−4 + x2n+6 +

1

2
)

⌋

,

(11)

sn = x2n +

⌊

1

4
(dn−1 + dn)−

1

2

⌋

. (12)

IWT(2+2,2):
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d(1)n = x2n+1 −

⌊

1

2
(x2n + x2n+2) +

1

2

⌋

, (13)

sn = x2n +

⌊

1

4
(d

(1)
n−1 + d(1)n ) +

1

2

⌋

, (14)

dn = d(1)n −

⌊

1

16
(−sn−1 + sn

+sn+1 − sn+2) +
1

2

⌋

. (15)

IWT(2,10):

d(1)n = x2n+1 − x2n , (16)

sn = x2n +

⌊

d
(1)
n

2

⌋

, (17)

dn = d(1)n −

⌊

1

64
(22(sn+1 − sn−1)

+3(sn−2 − sn+2)) +
1

2

⌋

. (18)

IWT(S+P):

d(1)n = x2n+1 − x2n , (19)

sn = x2n +

⌊

d
(1)
n

2

⌋

, (20)

dn = d(1)n +

⌊

1

4
(sn−1 − sn)

+
3

8
(sn − sn+1) +

d
(1)
n+1

4
+

1

2

⌋

. (21)

In this paper, we denote the coefficient sequence at the

k-th decomposition level of any given signal as S(k) =
[s(k)i, s(k)1, s(k)2, s(k)3, . . . , s(k)N ] and its related detail se-

quence as D(k) = [d(k)1, d(k)2, d(k)3, . . . , d(k)N ]. The operator

⌊·⌋ denotes the floor operation.

The IWT equation set just introduced is going to be used

for computing the IWT for the proposed watermarking system

discussed right away.

II. PROPOSED SYSTEM

In this section, we introduce the proposed system, as we

stated early in this paper, the system embeds a watermark in

the second decomposition level of the IWT, first, the signal

is divided in non overlaping blocks of length 16 times the

sampling frequency, then the IWT of the blocks is computed,

the detail sequences D(1) and D(2) are stored for later use, the

wavelet coefficients S(2) are watermarked, the audio signal

is reconstructed by reversing the transformations as shown in

Fig. 2. At the receiver, the system computes the second level

X IWT IWT
Embedding

Algorithm

IWT−1 IWT−1Y

Watermark

Generator
User’s Key

S(1) S(2)

S′

(2)

D(2)D(1)

S′

(1)

W

Fig. 2. Block diagram for the proposed watermarking system. IWT is the
forward integer wavelet transform whilst IWT

−1 is the inverse of IWT .

Watermark

Generator

User’s Key

Compute

Detection

Variable (d)

Compute

Second

Level IWT
Y∗

d ≥ Th?

Compute

Threshold

(Th)

Watermark

Present

No Watermark

Present

S∗

(2)

W

Th

d Y es

No
k

Fig. 3. Block diagram for a generic watermark detection system.

IWT decomposition on a possibly noisy watermarked signal

Y∗ in order to detect the watermark as shown in Fig.3.

The embedding rule and detection variables are discussed

in next section.

A. Embedding Algorithm

The embedding algorithm is the multiplicative embedding

rule since it exhibits several desirable properties, one the most

important is the masking effect that allows greater embedding

strength while imperceptibility holds. The multiplicative wa-

termark embedding rule is given as:

s′(2)i = s(2)i(1 + gwi), (22)

where s′(2)i is the i-th watermarked coefficient, wi is the i-th

watermark bit and g is the watermark embedding gain, which

controls the watermark energy.

B. Optimal Watermark Detector for Laplacian Channel

The coefficients of the IWT, and thus the channel, are

considered to be statistically modeled using a Laplacian PDF,

so the optimal detector variable is computed as [3], [4]:

d = ĝ =
1

Nαy

N
∑

i=1

|s∗(2)i|wi , (23)

where,

αy =
1

N

N
∑

i=1

|s∗(2)i| . (24)
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Equation (23) must to be modified since the IWT coeffi-

cients must to be normalized first. We found that as one goes

deeper in wavelet decomposition, the resulting coefficients

must to be scaled to ensure they hold the Laplacian channel

assumption, our experiments showed that in order to enforce

the IWT coefficients to hold the Laplacian assumption, (23)

should be scaled this way:

d = k
1

Nαy

N
∑

i=1

|s∗(2)i|wi , (25)

where k = 1
32 . One can normalize individual samples, however

for a block size of L, L divisions must to be made, whilst by

scaling (23) it takes just one.

In order to properly detect the watermark, the decision

variable d must be compared to a threshold, a watermark is

present if d ≥ Th, the general threshold equation derived from

the Neyman-Person criterion in [3], [4] is:

Th = erfc−1(1− 2pfp)

√

2

N
, (26)

where erfc−1(·) is the inverse error function complementary.

Since (26) does not depend upon the samples, then no

scaling is needed for this equation. Equations (25) and (26)

are meant to be used for detecting watermarks in the IWT

domain, the corresponding experimental results are shown in

next section.

III. COMPUTER SIMULATIONS

All test were carried out under the following scenario: the

watermark was embedded in non overlapping blocks with

length of 16 times the sampling frequency of an audio signal

using (22). Detection is made in the same block wise approach,

d and Th are computed for each block using (23) and (26) and

the responses for each block are accumulated and averaged.

We let Pfp = 10−6 and the embedding gain was set to 0.05.

All audio signal used for our tests were uncompressed 16-bit

stereo WAV files with 48000 Hz sampling rate.

We repeated the same attacks using the wavelets defined in

section I-B, so we can identify which of them has the best

performance for practical watermarking system design. The

performance of the system for each wavelet type is presented

in next section.

A. Main Results

In this section we present simulation results that validate

that (25) and (26) provide an accurate watermark detection

model. Several audio files were used in the following test,

however, we show our worst case only, that is to say, the case

for the channel (audio file) that distorted the watermark most.

First we tested detector performance; we present in Fig.4

the response for IDWT(4,2). Given that watermark number

500 is the watermark that was embedded in an audio signal.

One can verify that the response is way bigger that any other

watermark, the response to any watermark different to the

one embedded is far from crossing the decision threshold
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Fig. 4. Detector characteristics. It is shown that the system performs
remarkably for IDWT(4,2) even for our worst case host signal.
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Fig. 5. Watermark detection for different IDWT for various values of the
decay factor.

which confirms the Laplacian channel model is accurate for

IDWT(4,2) coefficients.

In the second test, we added a echo signal, The echo signal

has a delay of 1 second for a given value of decay factor

which determines how fast the echo fades away. In Fig.5 the

response for various values of the decay factor is shown, it

is clear that IDWT(4,2) perform better whilst IDWT(2,4) and

IDWT(2+2,2) performed poorly.

In the next test, additive white noise was added to the carrier

signal, the detection characteristic for several values of ampli-

tude of the noise is shown in Fig.6. It can be seen that again

IDWT(4,2) outperforms the other wavelet decompositions and

once again IDWT(2,4) has the worst performance.

A low pass filter was applied and detector response was

measured for various cutoff frequencies, the results are shown

in Fig.7, in this test all wavelets exhibit very good performance

against low pass filtering with IDWT(1,1) being the best and

IDWT(6,2) was the worst.

Another attack is cropping, Fig.8 shows detection charac-

teristics as the cropping percentage is varying. In this case

IDWT(4,2) performed best again and once more IDWT(2,4)

performed poorly.

Inverting attacks exploits the fact that the human auditory

system is unable to perceive phase changes, the system re-

Latest Trends on Communications

ISBN: 978-1-61804-235-4 108



 0

 0.02

 0.04

 0.06

 0.08

 0.1

 0.12

 0.01  0.02  0.03  0.04  0.05  0.06  0.07  0.08  0.09  0.1

E
st

im
at

ed
 G

ai
n

Noise Amplitude

Estimation Of Gain : Additive White Noise Attack

IDWT (1,1)
IDWT (2,4)
IDWT (4,2)
IDWT (6,2)

IDWT (2+2,2)
IDWT (2,10)
IDWT (S+P)

Threshold (Th)

Fig. 6. Detector characteristics for additive white noise at various amplitudes.

 0

 0.02

 0.04

 0.06

 0.08

 0.1

 0.12

 0.14

 0.16

 2  4  6  8  10  12  14  16  18  20

E
st

im
at

ed
 G

ai
n

Cutoff Frequency (kHz)

Estimation Of Gain : Low Pass Filtering

IDWT (1,1)
IDWT (2,4)
IDWT (4,2)
IDWT (6,2)

IDWT (2+2,2)
IDWT (2,10)
IDWT (S+P)

Threshold (Th)
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sponse is d = 0.0813, d = 0.0162, d = 0.0899, d =
0.0394 for wavelets IDWT(1,1), IDWT(2,4), IDWT(4,2) and

IDWT(6,2) respectively ,threshold value is Th = 0.0113. So

the system is not affected by inverting attacks and once more,

IDWT(4,2) is clearly the winner.

These results clearly show a trend: the IDWT(4,2) is best

in almost all cases whilst IDWT(2,4) is worst in almost all

cases.

We can summarize the results in Tab.I, in this table is

presented the IDWT type and its corresponding behavior for

different attacks, this could help to choose a IDWT based

watermarking system that meets certain set of requirements.

Here we use a scale from 0 to 5, being 0 a score for a system

that is unable to assess the presence of the watermark even

when no attack was performed, a 1 is for a system that is

unable to asses the presence of the watermark for an attack

in some point between 0 and 25% of total power, 2 for a

watermark system that stops assessing between 25% and 50%

and so on, 5 is for a system that is not affected at all by the

attack even at 100% of the testing range.

At this point, there are many arguments to choose a particu-

lar flavor of IDWT, however, in order to enrich the criteria for

proper IDWT selection, we present the number of operations

needed for each one of these IDWT. In Fig.9, the number

of operations needed for each IDWT is shown, each bar also

indicates how many operations are sums, multiplications, floor

operations and divisions.
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Every watermarking system discused in this paper takes

twice the values shown in Fig.9 for the embedding stage (for

the foward IDWT and the inverse IDWT). Watermark detection

need only one time this number of operations since only the

foward IDWT is needed. A note for this statement: this number

of operations are only for the a IDWT (or inverse IDWT)

block, the number of operations needed for embedding the

watermark is not discussed here.

IV. CONCLUSIONS

We can draw several conclusions, first, IDWT based wa-

termarking proved to be more robust than other previously

proposed systems, it has the additional advantage of being a

blind algorithm, so the original audio is not needed. Second,

IDWT(4,2) and IDWT(6,2) are recommended for high perfor-

mance watermarking, IDWT(4,2) takes less operations which

is an additional advantage. IDWT(2,2) is not recommended

at all for watermarking applications, its poor performance

prevented the system from detecting watermarks accurately

even when no attacks were made.

When a Fragile watermarked system is needed, IDWT(4,4)

could fit well, any attack wipes the watermark, so it

could be used for authentication proposes. IDWT(2,4) is

recommended for semi fragile applications, IDWT(1,1),

IDWT(2,10), IDWT(2+2,2) and IDWT(S+P) are robust, but
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TABLE I
RESULTS OF EVALUATION BENCHMARK FOR THE SYSTEMS BASED ON

EACH WAVELET DISCUSSED IN THIS PAPER. BOLD LETTERS ARE FOR THE

BEST PERFORMANCE FOR A GIVEN ATTACK.

Attack
Wavelet Type

Echo
AWN

LPF
Cropping

Phase
Inv.

IWT(1,1) 4 3 5 4 5
IWT(2,4) 2 0 5 1 5
IWT(4,2) 4 5 5 4 5
IWT(4,4) 0 0 0 0 0
IWT(6,2) 4 5 5 4 5

IWT(2,10) 4 5 4 4 5
IWT(2+2,2) 2 4 4 1 5
IWT(S+P) 4 5 4 4 5

when it comes to real time applications IDWT(1,1) could be

the right choice due the low number of operations needed.

The resulting system has low complexity so the detection

of the watermark can be done in a couple of seconds for a full

length song using a consumer laptop. Future works include:

Investigating the influence of different decomposition levels in

the wavelet transform and the proper derivation of the scaling

factor of (23).
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Keywords—bit error rate, duty-cycle, multiplexing, optical 
communication. 

 
Abstract—A methodology to improve the performance of duty-

cycle division multiplexing (DCDM) systems is proposed. The 
method involves signal processing and customisation of the signal at 
the transmitter side. The proposed technique shows 7 dB 
improvement compare to the conventional model.  In addition to that, 
we can have almost the same performance for all transmitted 
channels as opposed to the previous report. 
 

I. INTRODUCTION 
HERE is a plethora of multiplexing techniques that have 
been developed for the purpose of augmenting the 

transmission capacity or bandwidth in fiber optic 
transmissions. Conventionally, most of such techniques are 
based on time, frequency and/or wavelength domains namely 
Time Division Multiplexing (TDM) [1, 2], Frequency Division 
Multiplexing (FDM) [3] and Wavelength Division 
Multiplexing (WDM)[2, 4].  TDM for example, divides the 
time into several recurrent time slots of certain duration to 
accommodate a fixed number of sub-channels. Each user is 
given a specific time slot in order to transmit. Thus, the full 
transmission ability of high capacity transmission medium can 
be utilized by multiplexing several users’ data in the time 
domain. However, this capacity can be further increased by 
introducing a new multiplexing technique namely Duty-cycle 
Division Multiplexing (DCDM). The DCDM, first introduced 
by [5],  proposes the idea of utilising different  RZ’s duty-
cycle for each user. Different user signal waveforms are 
multiplexed in a channel within the same time period and at 
the same wavelength (or frequency). In this case, the signals 
are encoded from multiple users’ data with different properties 
of duty-cycle and power level (amplitude). Therefore, DCDM 
is a multiplexing technique which serves the dual function of 
data encoding and combining the sub-channels during 
transmission.  Thence, the transmission of multiple users’ data 
over a sub-channel in a medium can be materialized through 
capitalizing both the time and wavelength domains, which in 
turn increases the total channel capacity. 

In the initial study [2], three users are simultaneously 
transmitting data over DCDM waveforms. The results have 
 

 

been reported to outperform other modulation scheme namely 
TDM [5, 6]. However, one disadvantage of an early DCDM 
technique is that the performance of the different channels is 
not uniformed [7].  To instantiate, at BER 10-9, the receiver’s 
sensitivity is recorded to be at -23dB, -26.5dB and -30dB for 
User 1 (U1), User 2 (U2) and User 3 (U3) respectively. The 
discrepancy is particularly obvious between U1 and U3. This 
situation will introduce difficulties in an environment where a 
common transmission standard is required. For example, it is 
costly to characterize and define the transmission capability 
due to the requirements of different receiver’s sensitivities. 
Furthermore, intelligent receivers are required to differentiate 
the incoming waveform/signal as for each channel.   

As a consequence, the aims of this study are (a) to reduce 
the DCDM system’s bit error rate (BER) and (b) to reduce the 
performance discrepancies between users. This is achieved 
through customisation of the amplitude levels of the DCDM 
symbols at the transmitter side based on the feedback received 
according to the condition of the received signal sent earlier. 
This approach is hoped to give a better perspective in 
cushioning the impairments such as noise and dispersion, 
which directly influence the BER.  

The outline of this paper is as follow: at the outset, we 
explain the DCDM simulation setup and the parameters 
involved. The power levels function associated with the eye-
opening are also elaborated. Then, we relate the eye-opening 
of the DCDM signal with the BER for each user in the next 
section. The DCDM’s properties that can be customised to 
reduce the BER are further discussed herein. Next, the 
obtained simulation results are reported. Lastly, we conclude 
the proposed method and the associated results with a brief 
summary.  

II. SIMULATION SETUP AND METHODOLOGY 
 

Fig. 1 shows the block diagram of the simulation setup of 
the Duty-cycle Division Multiplexing (DCDM) system. It 
comprises three main components namely transmitter, 
communication medium as well as the receiver. Transmitters 
are generating data at PRBS of 223 -1. The incoming user’s 
data are fed and converted from non-return to zero (NRZ) to 
return to zero (RZ). Three incoming users’ data are then 
modulated through constant wave (CW) laser diode through an 
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aggregated bandwidth of 30Gbps. The signals are initiated 
with a power launch of 0dBm at 1550nm. 
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Figure 1: The simulation setup for DCDM system 
 

Prior to the transmission, the specified pattern is established 
to represent certain combination of user’s data. These symbol 
patterns are characterized by different duty-cycle and power 
level associated with each user. These are then combined 
within four different slots represented as a symbol period [8]. 
Thus, the different combination of symbols’ patterns can be 
seen as in Figure 2. 

 

(a)

(b)

(c)

(d)

User 1

User 2

User 3

Multiplexed 
symbols

0

2Ts/4

3Ts/4

Ts/4Ts

0 0 01 1 1 1

0 1 0 10 1 0 1

0 0 1 10 0 1 1

A

A

A

3A

t

t

t

t

slot 1
slot 3

slot 4
slot 2

Bit sequence

Ts   Bit Period
A    Amplitude level

1 2 3 4 5 6 7 8Case 

 
Figure 2: (a) the possible DCDM pattern for U1. (b) the 
possible pattern for U2. (c) the possible pattern for U3. (d) the 
multiplexed signal for U1, U2 and U3. 
 

The different user signals are then multiplexed with a 
multiplexer. As a result, the DCDM symbol mimicking “stair 
case” is established. For instance, if U1, U2 and U3, are 
carrying bit ‘0’s, the DCDM waveform pattern can be seen in 
Case 1 of Figure 2. Meanwhile, bit period (Ts) of each 
waveform is associated with four slots (Slot 1 –Slot 4). The 
number of slots is associated with the number of incoming 
users following (n+1) rule, where n is the number of users. 
These slots are due to the RZ duty-cycles of original users’ 
symbol duration. Meanwhile the combination of the original 
user’s signal amplitude level contributes to the amplitude of 
the waveform. 

After the signal passes through the transmission medium and 
reaches the receiver end, the signal detection and bit 
regeneration are t taking place. In order to decide on the 
incoming signal, the inference rules are used as shown in 
Table I[7]. The decision is based on the fixed threshold value 
which is assigned into three different values associated with 
each level (th1, th2 and th3). To describe this, let consider 
Case 1 in Figure 2 (d).  In this example, the received signal 

amplitude is less than th1, with refers to the first rule in Table 
I, the receiver (R1) is assumed to receive a bit 1.  
 
Table I: The Decision Making Rules 
No User Rule Decision Case 
1 U1 if (S1 < th1)&(S2 < th1) then 

U25=0 
1 

2 U1 if (th3 ≤ S1 < 
th2)&(th15≤    S2 < th4) 

then 
U25=0 

3, 5 

3 U1 if (th2 ≤ S1 < th1)&(S2 ≥  
  th4) 

then 
U25=0 

7 

4 U1 if (th3 ≤ S1 < th2)&(S2 < 
 th5) 

then 
U25=1 

2 

5 U1 if (th2 ≤ S1 < th1)&(th5 
≤   S2 < th4) 

then 
U25=1 

4, 6 

6 U1 if (S1 ≥ th1)&(S2 ≥ th4) then 
U25=1 

8 

7 U2 if (S2 < th5)&(S3 < th6) then 
U50=0 

1, 2 

8 U2 if (th5 ≤ S2 < th4)&(S3 ≥ 
th6) 

then 
U50=0 

5, 6 

9 U2 if (th5 ≤ S2 < th4)&(S3 < 
th6) 

then 
50=1 

3, 4 

10 U2 if (S2 ≥ th4)&(S3 ≥ th6) then 
U50=1 

7, 8 

11 U3 if (S3 < th6) then 
U75=0 

1, 2, 3, 
4 

12 U3 if (S3 ≥ th6) then 
U75=1 

5, 6, 7, 
8 

 
Differ from the setup in [8], we include an Arbitrary 

Waveform Generator (AWG)[9] before  the Amplitude 
Modulator (AM). The function of the AWG in this case is to 
modify the transmitted power level according to the eye-
opening requirements (the working principle of AWG will be 
elaborated in depth henceforth). The implementation of 
AWGN makes it different from [8] in the perspective of 
enabling power level regulation. The power level of 
transmitted waveform can be regulated at several stages or 
levels according to BER requirements at the receiver.  These 
modified signals are then carved through 80km single mode 
fiber (SMF) with dispersion compensation fiber (DCF).   

The main function of AWG is to set the transmitted 
amplitude for each level. In so doing, a mapping function is 
used (see Table II). It can be implemented as a simple 
algorithm embedded in the AWG. Its function is to combine 
the source bit sequence (three bits) of the individual users and 
transform them into a DCDM signal. This signal or symbol can 
be customised as required so as to increase the vertical eye-
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opening. For example, consider that an ‘111’ user’s bits 
combination, the original amplitude levels (3, 2, 1) will 
produce an eye-pattern as shown in Figure 3.  In order to 
increase the eye-1 of Figure 3(a), the amplitude level 2 needs 
to be decreased (in this case, we cannot increase amplitude 
level 3 since the maximum power level is 1).   With that 
approach, one can increase the height of eye-opening of eye-1 
as in Figure 3(b).  In the perspective of DCDM level, the 
original level of Level 2, which is taking the value of 2, can be 
attuned to 1.8.  Indirectly, this will increase the eye-1. 
However, the effect of this technique is set to reduce the eyes 
relates to the neighboring level (eye-2 and eye-3). This effect 
cannot be avoided due to the limited signal space with regard 
to the power set.  

 
Table II: Bit-to-signal Mapping Function 
Bits combination 
from User 1(U1), 
User 2(U2) and 
User 3(U3) 

Original level per 
slot (Slot 1, Slot2 
and Slot 3) 

New amplitude 
level 
(Slot 1, Slot2 and 
Slot 3) 

000 0, 0, 0 0, 0, 0 

001 0, 0, 1 0, 0, 1 

010 1, 1, 0 1, 1 , 0 

011 2, 2, 1 2, 1.8, 1 

100 1, 0, 0 1,    0, 0 

101 2, 1, 1 2, 1 , 1 

110 2, 2, 0 2, 1.8, 0 

111 3, 2, 1 3, 1.8, 1 

 

  
Figure 3: (a) original eye-opening. (b) eye-high for eye-1 is 
increased 
 
  

As the symbol reaches the receiver, the direct detection 
method can be used to convert the DCDM signal into the 
electrical signal. The signal is then recovered based on the 
setting threshold level by a decoder circuit as implemented in 
on-off keying systems [ref]. Since they involve with multiple 
slots and levels, in order to decide on a single bit, the rules 
based on decision making are considered [10]. For instance, 
S1 and S2 are used to decide on the bit sequence for U1 
whereas S2 and S3 are used for U2 and Slot 3 (S3) for U3. 
The details of the rules based on decision making can be found 
in [8]. 

This simulation is slightly different from that of [11] in 
terms of level spacing mechanism and the AWG 
implementation. In [5], a specific coefficient function is used 
to regulate the power level 1 and power level 2 with the same 
coefficient rate (see Figure 3). Apart from that, the approach 
used in this research allows separate spacing values between 
two levels without the need to follow a specific coefficient 
value. Thus, the eyes in each associated levels can be further 
attuned to achieve a better BER with customised spacing 
criteria. The spacing value can be set by running customisation 
algorithm on the AWG through a feedback channel [12-14] 
and by setting the associate amplitude at various levels. This 
implementation mimicking [13], where an adaptive transmitter 
is used to change  its modulation format to/from BPSK, QPSK 
and QAM. The feedback channel in this case utilizes general 
purpose interface bus (GPIB) to send the amplitude and phase 
requirement to the transmitter.  The same out-of band channel 
feedback is used in [12]. A state generator is located just 
before the receiver is used to monitor the active channel and 
send the feedback state to the transmitter  
 
 
 

III. BER CALCULATION 
Bit error rate (BER) is basically the ratio between eroded 

received bits over total received bits.  This is the best method 
to calculate the BER, but it is limited and time-consuming as 
the long span system is currently being investigated [15]. 
Instead, the probability method based on Q value is used in 
this study to evaluate the performance [5, 6].  The assumption 
of Gaussian noise on bits ‘0’s and ‘1’s in relation with its mean 
value and the standard deviation for each level are used in this 
study. The quantity Q is given by; 

                         
                                       (1) 

where   and   are the means and the standard deviations for 
each of the eyes respectively. The BER can be calculated 
based on (1) and is given by 

                          
              (2) 

where ercf() is the complementary error function. 
 
The basis of BER calculation in DCDM is based on Figure 

Latest Trends on Communications

ISBN: 978-1-61804-235-4 114



 

 

3, and it is associated with the respective received eyes in 
Figure 4. The probability of errors (Pe) of each eye can be 
associated with Pe’s of the respective eye. For instance, at eye-
6 (Figure 3), the Pe is associated with PeI and PeH of Figure 
4. Thus, the Pe at eye-6 is best described by  

  
Pe-eye-6 = ½ *(PeH+PeI);              (3) 

 
where PeH is the probability of error being ‘0’ and PeI is the 
probability of errors of being ‘1’. Both are error probabilities 
at eye-6 based on its threshold value of th6.  

With regards to the rules described in Table I, the BER for 
U3 is only related with rules 11 and 12 where it can be 
described as  
 
if (S3 <) then U3 = ‘1’ else if (S3 ≥  th6) then U3 = ‘1’  (4) 
 
Thus, the error probability for U3 is described as 
 
BERU3 = Pe-eye-6                (5) 
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Figure 4: probability of errors 
 
 
Based on the combination of these simple rules and the 

associated Pe of each eye, the BER for individual users can be 
summarized as follows:  

BER U1 = ½ *((PeA + PeBm*PeFs + PeCm*PeG) +  
(PeBs*PeE + PeCs*PeFm + PeD));        (6) 
 
BER U2 = ½ *((PeE + PeFm*PeI) + (PeFs*PeH + PeG));  

                                                                
                      (7) 

BER U3 = ½ *(PeH+PeI);               (8) 
 
For BER of U1 (6), several Pe involves; PeA is the error 

probability associated with eye-1. The PeA comes into picture 
when the amplitude level is beyond level-3. The next Pe’s 
parameters are PeBm and PeFs. These two parameters are 
associated with level-2 but in between two adjacent slots (S1 
and S2).  It is safe to assume that, regarding the rules (see 
Table I), in order to determine the bit sequence, two slots will 
be examined.  In this case, the error is to be compensated by 
each other slot. Thus, in the mathematical formula, the Pe in 
S1 can be reduced by multiplying the Pe of S2 at the same 
level.  The error can be reduced if the both Pe values are less 
than 1. Since, PeA and PeD do not have its pair to 
compensate; it is significant to decrease this value. We choose 
the PeA owing to the ease in enlarging the eye-1 with less 
effect to the other slots as compared with PeD. 

The calculation of Pes is based on the received eye patterns. 
This is solely dependent on is the size of the eye. The larger 
the vertical eye-opening, the more tolerance is given to the 
receiver in terms of the noise [16].  In our case, each Pe is 
associated with different user’s BER. Thus, it is important to 
choose which Pe and in which eyes involve with the target 
user’s BER. By regulating the power level at transmitter, it is 
believed that impairments such as noise will be cushioned. 
From this point of view, the BER can be reduced by increasing 
the transmitted power level resulting to an increase in eye-
height at the receiver.  We assume that the higher the level of 
signal amplitude, the error probability (Pe) for each eye to be 
reduced accordingly. As an example, at eye-6 (in Fig.3), if the 
amplitude level 1 is increased, the PeH and PeI values will be 
reduced. Thus the noise effects will be reduced accordingly. 
As a result, the BER for U3 as defined in (8) will be also 
reduced. 

IV. RESULTS AND DISCUSSION 
We conducted simulations to increase the eye-opening of 

specific eyes. We chose to increase the eye-opening of eye-1 
since its probability of error (Pe) was high. Furthermore, Pe 
for eye-1 solely contributed to BER calculation of U1 as it 
could not be compensated by another Pe from other slots.  
This is shown by probability of error, PeA in (3). 
Nevertheless, PeD was quite low due to the high eye-opening 
of eye-4 as discussed above and shown in Figure 2(a). 
 Figure 5 shows an improvement of more than 1dB at the 
BER of 10-9 as compared to the previous result reported in [6] 
for the U1. This was achieved by increasing the high-opening 
of eye-1 to 120%.  Further improvement of 2dB could be 
obtained when the eye height reached 130%. It was actually 
due to the significant reduction of the probability of error of 
eye-1, PeA. As the opening of eye-1 increased towards 140%, 
it gave a negative impact to the BER. This was due to the 
limitation of an amplitude level in DCDM waveform where all 
users had to share the same signal space.  
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Figure 5: The effect of varying level 2 
 
 Furthermore, the amplitude level of the signal waveform 
was set to be at the same level for all slots. This scenario can 
be seen in Level 2, when its amplitude level was reduced to 
enlarge the eye-opening of eye-1 at S1. The same level 
high/space had to be implemented accordingly. In such case, 
the direct effect could be realized for U2 as its BER increased. 
Thus, the optimum eye-height to maintain the existing 
performance of U2 is only 120%. This is shown in Figure 6. It 
also proves that the performance of both users (U1 and U2) 
can be adjusted by regulating user’s power level at the 
transmitter.   

  
Figure 6: The effect of increasing eye-height of eye-1 to the 
BER of U2 
 
 The effect of customising level 1 is straightforward. It only 
reduces eye-6 that influences the probability of error for U3. 
Nevertheless, Figure 7 shows that U3 still outperforms as 
compared to U2 and U1. In this case, it can be seen that the 
performance of U1 and U2 is uniformed at BER of 10-9. Thus, 
the receiver sensitivity difference between U1 and U2 with U3 
is reduced at 1dBm.   

 

 
Figure 7: BER or each user when level 1 is regulated to the 
best amplitude level  
 
 The performance characteristic of BER is then further 
evaluated for U3. This is shown in Figure 8. In this case, the 
power level of Level 2 is decreased to 1.4 whilst Level 1 is set 
to 0.42 instead of 1. Thus, the gap of Level 3 and Level 2 is 
increased to 160% whilst the gap between Level 2 and Level 1 
is slightly decreased to 98%. As a result, the gap between 
Level 1 and Level 0 is reduced to only 42%. It shows that the 
receiver sensitivity at this point will be increased to 7dBm at 
BER of 10-9. It will affect the sensitivity of U3 as it degrades 
as much of 2dBm, but it is still within the acceptable BER of 
10-9. More importantly, the receiver sensitivity of all users is 
slightly uniformed to -29dBm at the same BER.  

  
Figure 8: Customising power level for each user 
 

With this so-called optimum power setting level, we extend 
the experiment using different fiber length and dispersion 
level. For the first one, we vary the SMF fiber length ranging 
from 20-110km. The amplifier is then set before the receiver 
with noise figure (NF) of 4dB and a gain of 30dB [7]. The 
plotted results for the SNR over fiber length can be seen in 
Figure 9. As expected, the SNR for the amplified signal is 
higher as compared to the non-amplified one. It is particularly 
obvious when the fiber is less than 70km. However, as for both 
cases, the customised transmitted power level noticeably 
introduces the SNR penalties of approximately 2dB.  

Meanwhile, in the perspective of fiber span, the non-
customised level is out perform for the fiber length is less than 

Latest Trends on Communications

ISBN: 978-1-61804-235-4 116



 

 

84km. In normal circumstances, the BER performances will 
follow the SNR. In this case, suppose that the customised level 
will reduce the BER. However, it will not happen in DCDM as 
its decision is not dependent on only one slot. Thus, the 
decision is more accurate as it can refer to neighboring slot 
which has different noise scenario. Furthermore, the SNR 
actually decreases when the transmitted power level is 
mitigated. However, with reference to Figure 5, the simulation 
shows that with an extension offered in the decision rules, it 
will reduce the BER. This proves that by referring to other 
slots, the decision making is more accurate towing to the 
negation of noise effect.  

  
Figure 9: SNR over fiber length 
 
Meanwhile, when BER versus dispersion is plotted in Figure 
10, U1 decreases significantly in a linear fashion ranging from 
10-42 at 80ps/nm/km to 10-16 at 98ps/nm/km. However, this 
is irrelevant with the U2 and U3 as the proposed technique will 
increase the BER for both users. This shows that the U1 is 
dependent on the impairment from dispersion. This is 
particularly so since its decision making will involve S1 and 
S2. It is realised that since the amplitude level of S2 is the 
highest, its probability to disperse is more. This signifies that 
the space for it to be attenuated is higher, and so is the 
probability for it to be influenced which is related the BER. 
However, it is dependent on the OSNR, dispersion and 
nonlinear effect [17]. 

  
Figure 10: log BER versus dispersion 

V. CONCLUSION 
We have optimized the DCDM transmitter setup in order to 

improve the performance of DCDM system. In principle, this 
is attained by regulating the amplitude level of existing 
waveform into different levels in such a way that the 
appropriate eye-height is increased. The study shows that an 
improvement of 7dB for U1 is achievable by increasing the 
eye-height of eye-1. In addition to that, we can have almost the 
same performance for all transmitted channels as opposed to 
the previous report. 
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Abstract—Ethernet has been widely deployed all over the 
world and has become one of the most successful networks. In 
order to make Ethernet meet carrier grade requirements, 
Ethernet needs to enhance its fast protection capability. Several 
multi-spanning tree based schemes have been proposed in the 
literature for achieving protection against link failures. 
Although neighbor nodes of a failure can detect the event in a 
short time, it is not able to distinguish if the failure event is 
caused by a failed link or a failed node. Although exact failure 
location identification can be obtained through exchanging 
messages among multiple nodes, it is too time consuming to 
meet the requirement of fast protection. In this paper, we 
propose a novel multi-VLAN based protection scheme to 
resolve this issue. As a failure is detected, each neighboring 
node makes its local decision to redirect flows to bypass the 
failure so as to reduce failure recovery time. In the proposed 
scheme, a new leaf constraint is included. It guarantees that the 
backup VLAN trees can provide protection against link and 
node failures. In the second contribution of the paper, we 
jointly take network survivability and traffic engineering into 
consideration in determining the working and backup VLAN 
trees. To facilitate problem formulation, we first use graph 
transformation technique to model the considered Ethernet 
network as a two layered graph and propose an integer linear 
programming model on the transformed graph. We further 
propose a simulated annealing algorithm to handle large sized 
networks. We have carried out extensive simulations on 
several randomly generated networks. The numerical results 
indicate that our approach can provide 100% failure recovery 
against any single node failure. It also enhances load balancing 
to avoid network congestion.   

Index Term—Fast Network Protection, Survivable Ethernet 
Network, Network Optimization, VLAN Planning.  

I. INTRODUCTION 

Ethernet has successfully been the most popular local area 
network for decades. It has also been extended to support 
communications in metropolitan area and even wide area 
networks. However, due to lack of sufficient fast failure 
recovery and traffic engineering capability, conventional 
Ethernet paradigm has faced long failure recovery time and 
network congestion problems in MAN and data center 
networks. To meet carrier grade requirements, Ethernet need to 
be enhanced to provide 50 msec failure recovery and traffic 
engineering for load balancing.  

The IEEE 802.1d spanning tree protocol [8] is used in 
Ethernet to avoid routing loops. Upon a failure, it takes tens of 
seconds to rebuild a new spanning tree. The long convergence 

time is far from acceptable to support mission critical and 
commercial services. In order to accelerate the failure recovery, 
the Rapid Spanning Tree Protocol (RSTP) is later presented in 
IEEE 802.1w [9]. The restoration time for Ethernet running 
RSTP is depending on the processing time of switches. 
Although the failure recovery time is reduced to fall in the 
range of few seconds [5], it still has a gap to reach the target of 
50 msec.   

In recent years, several fast failure handling protocols have 
been proposed in the literature. Those approaches can be 
classified into spanning tree reconstruction and multi-VLAN 
based types. Since a failure link breaks the working spanning 
tree into two parts. The tree reconstruction based approach tries 
to find a new link to reconnect the two sub trees into a new 
spanning tree. In the multi-VLAN based approaches, failure 
recovery is achieved by switching the traffic affected by a 
failure to a backup VLAN to bypass the failure device. The 
backup VLANs are preconfigured and stored in each switch so 
as to remove the time in the recovery processes.  

Fast Spanning Tree Reconnection (FSTR) [6] is a spanning 
tree reconstruction protocol. Upon a link failure, the two 
adjacent nodes of the failure link are responsible to identify an 
alternate path for failure recovery and inform a reconnect link 
to rebuild the broken spanning tree. Upon receiving the 
recovery messages, nodes along the alternate path uses a new 
preplanned forwarding table to redirect the rerouting flows. In 
[7], an enhanced version of FSTR is presented to provide 
Ethernet against double link failures. Unlike multi-VLANs 
based schemes that can perform protection switch locally, 
FSTR needs time to indicate the failure link and the nodes 
along the alternate path. It makes the failure recovery time is 
longer than multi-VLAN based approach. 

Multi-VLAN based approaches has been proposed in 
[1],[2],[3],[4], and [5]. In [1] and [2], a resilient architecture for 
fast failure handling is proposed. In the considered network 
architecture, the network consists of two parts. The core part is 
constituted by interconnecting Ethernet switches while IP 
routers form the edge part of the network. Multiple VLANs are 
provisioned inside the Ethernet to provide protection against 
single link or single node failures. Through periodically 
sending probe messages on each VLAN, the IP routers in the 
edge can understand the health conditions of each VLAN tree. 
The statuses of those VLANs are broadcasted to all of the 
routers in the network such that only survivable VLANs are 
selected for communications. Although this probing based 
approach can provide fast failure handling, it wastes part of 
network resources in exchanging and processing control 
messages. In addition, upon a failure, there is a time lag for the 
routers to take reaction to reroute their traffic to a survived 
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VLAN.   
In [3], algorithms for backup VLAN pre-planning are 

presented. There are two schemes proposed in the work. One is 
called connection based scheme and the other is called 
destination based scheme. In the former, a connection is 
associated with a source destination pair. At a switch, both 
source address and destination address are examined. Different 
connections even they have the same destination MAC can use 
different backup VLANs. In the destination based scheme, a 
switch applies only a single backup VLAN to protect all flows 
with the same destination. It is clear that the connection based 
scheme requires more preplanned backup VLANs but with 
better capacity usage.  

Viking is also a VLAN based approach [4]. A centralized 
management controller is responsible to perform fault 
monitoring and failure recovery. As a failure occurs, the 
switches notify the controller using SNMP. The benefit of 
Viking system is that it can be built using off-the-shelf devices. 
However, the long failure detection and processing time make 
it difficult to provide high-speed failure recovery.   

In [5], network protection against link failures and QoS 
routing are considered. An integer linear programming model 
is proposed to determine the routing of a pair of link-disjoint 
working path and backup path for each traffic demand. The 
model also determines the VLAN trees to accommodate these 
working and backup paths.  

Figure 1 depicts an example of VLAN based protection 
scheme. In this example, VLAN 1 is the working tree and 
VLAN 2 is used to protect Link (2,5). In the normal state, node 
2 uses Link (2,5) to deliver frames to destination Node 7, 8, 
and 9. As Link (2,5) fails, node 2 uses VLAN 2 to send traffic 
so as to avoid using the failure link. VLAN based protection 
scheme like [3] is designed to provide fast protection for any 
single link failure. However, it cannot be used to handle a node 
failure. In this example, if the failure is Node 5 not Link (2,5), 
the backup VLAN 2 can only recover the flows with 
destination Node 7. Since in the backup VLAN2, Node 8 and 
Node 9 are in the downstream of Node 5, traffic to those nodes 
cannot be recovered. Therefore, the failure results in frame 
losses for traffic destined to Node 8 and Node 9. 

Since a link failure and a node failure have the same 
syndrome, that is loss of signal to a switch adjacent to the 
failure, it is difficult to identify the exact failure location in a 
very short time. In fact, the only way to identify the exact 
failure type is to cooperate among multiple nodes in the 
network through time consuming message exchange processes. 
It prohibits a node to achieve fast protection switching.  

In order to resolve the difficulty of the above problem, we 
propose a novel fast local protection scheme. In the proposed 
scheme, we configured one backup VLAN for each link. We 
require that both adjacent switches of a protected link having to 
be leaf nodes in this link's backup VLAN tree. This 
requirement is called leaf constraint in the paper. Therefore, 
even if the failure event is a node failure, the backup VLANs 
can still guarantee to provide a survivable path for each node 
excluding the failure node.  

Figure 2 depicts an example for the proposed scheme. Figure 

2(a) and 2(b) are the input Ethernet topology and the working 
VLAN tree, respectively. In the proposed scheme, each link on 
the working VLAN tree is provisioned a backup VLAN and 
leaf constraint is applied on both adjacent nodes of the link. 
Figure 2(c) plots the backup VLAN tree for Link(2,5). Since 
Link(2,5) does not appear in the backup VLAN tree 1, VLAN 
1 can be used to protect Link(2,5). In Figure 2(d), VLAN 2 is 
used to protect Link (5,8).  

Our scheme can also protect any single node failure. We use 
the same backup VLANs in Figure 2 to show how the network 
can use backup VLAN against Node 5 failure. As Node 5 fails, 
both Node 2 and Node 8 will detect loss of signal from their 
interface to Node 5. Node 2 and Node 8 switch the flows that 
originally toward Node 5 in the working VLAN to backup 
VLAN 2 and backup VLAN 3, respectively. Since Node 5 is 
the leaf node in both VLANs, no other nodes need relying on 
Node 5 to forward frames for them. Thus, the failure of Node 5 
won't affect the failure recovery for the other nodes in the 
network. 

In this paper, we jointly take traffic engineering (TE) and 
network survivability into consideration. Our target is to 
guarantee that the provisioned VLANs are not only being able 
to protect any single link failure and any single node failure, 
but also being able to avoid traffic congestion. We denote the 
Leaf Constrained VLAN provisioning with TE consideration 
as the LCP-TE problem. To facilitate problem formulation, we 
first use graph transformation technique to transform the 
considered Ethernet network into a two layered graph. We 
propose an integer linear programming model for this problem 
on the transformed graph. The objective function of the ILP 
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Figure 2. Example of the proposed leaf constrained 
VLAN protection scheme 
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problem is to minimize the utilization on the most congested 
link. The output of the problem includes working and backup 
VLANs that can guarantee 100% survivability against any 
single link failure and single node failure.  

We have solved the LCP-TE problem for input network with 
moderate size. However, for a large size network, due to the 
huge number of problem constraints and decision variables, it 
becomes difficult to solve the problem directly using a 
standard integer programming algorithm. In fact, the multi-
VLAN provisioning problem without taking leaf constraint 
into consideration has been proved to be NP-complete [3]. 
Therefore, the LCP-TE problem is also an NP-complete 
problem. To reduce computation time for large size network, in 
this paper, we decompose the problem into several sub-
problems and developed a simulated annealing based heuristic 
algorithm to resolve the LCP-TE problem.  

The remainder of this paper is organized as below. In 
Section II, we present the formulation of the LCP-TE problem. 
In Section III, we present the simulated annealing based 
heuristic algorithm for large sized networks. In Section IV, we 
demonstrate the simulation and experimental results and make 
performance comparisons on survivability ratio and link loads. 
Finally, concluding remarks are made in Section V. 

II. PROBLEM FORMULATION  

We formulate the LCP-TE problem as an integer linear 
programming (ILP) problem. Given an input network topology 
G(N,L) and the demand volumes for all OD-pairs, the problem 
determines a working VLAN to route traffic in the normal state 
and backup VLANs for recovery affected traffic in the failure 
states. The objective is to minimize the link utilization on the 
most congested link while the flow on each link has to meet the 
physical capacity constraint. 

We apply graph transformation technique to facilitate 
problem formulation. The input graph is transformed into a 
two-layered directed graph. The top layer is used to determine 
the working VLAN tree for traffic transmission for the normal 
state while the down layer is used to decide backup VLANs. 
Those two layers are connected by some artificial bridge edges. 
Conceptually, as a failure occurs, some particular bridge edges 
are turned on to allow traffic moving from the top layer to the 
down layer. We use this idea to reduce the difficulty in 
formulating the LCP-TE problem.  

To make the notation easier for understanding, we use 
vertices and edges to denote switches and directional links in 
the transformed graph. Figure 3 depicts an example. The input 
graph is given in Figure 3(a) and the transformed graph is 
shown in Figure 3(b). In Figure 3(c), an example for failure 
recovery is illustrated.  

The problem formulation and notations are shown below.  
Given input constant values: 

N: set of switches in the input network; 

L: set of links in the input network; 

S: 
set of network states; We denote s0 as the normal 
(non-failure) state and si as link i fails; 

E: set of edges in the transformed graph; 
topE : set of edges in the top layer of the transformed 

graph; 
downE : set of edges in the down layer of the transformed 

graph; 

Ebridge: 
set of virtual bridge edges in the network; for 
example, Ebridge ={(1',1"), (2',2"), ... , (9',9'')} in 
Figure 3(b). 

El: 
Edges in the transformed graph used to represent 
link l; e.g., l=(1,2), El ={(1',2'), (1'',2'')} in Figure 
3(b). 

in
vE : set of edges entering vertex v; 
out
vE : set of edges leaving from vertex v; 
s
bridgeE : the set containing two edges to connect the top 

layer and down layer in state s. Those two bridge 
edges are corresponding to the adjacent vertices of 

s
downV ; e.g., for s=Link(2,5), s

bridgeE ={(2',2''), (5',5'')}.
s
failE : edges not allow to carry traffic in state s; e.g., for 

s=Link (2,5), s
failE ={(2',5'),(2'',5'')}. 

e~ : the reverse edge of edge e; e.g., if e=(1',2') then 
e~ =(2',1')  

:)(nvtop vertex in the top layer to represent node n; e.g., 
vtop(1)=Node 1' in Figure 3(b). 

:)(nvdown

 
vertex in the down layer to represent node n; e.g., 
vdown(1)=Node 1'' in Figure 3(b). 

v(n): The two vertices representing node n in the 
transformed graph; e.g., v(1)={1',1''} in Figure 
3(b). 

s
downV : The two vertices in the down layer that are 

adjacent to the failure state s. e.g., when the state is 
Link (1,2), s

downV ={1'', 2''} 

M: a big enough number; e.g., M can be set to any 
constant larger than the sum of all traffic demands 
in the network. 

Hd: total traffic demand to destination node d; 

hnd: traffic demand between source node n and 
destination node d; 

lC : physical capacity of link l;  

T: set of all spanning trees of the input graph  

Decision variables: 

u: utilization of the most congested link  
s
ex : =1, if edge e is used for communication in state s; = 

0, otherwise; The collection of edges with 0s
ex =1 

determines the working spanning tree in the normal 

state and the collection of 0\,1 sSsxs
e   forms 

the backup VLAN tree in the failure state s.  
d

esf : In state s, volume of flow to destination node d 
carried on edge e; 

Problem (IP): 
umin  
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bridge   (12) 

0s
e

s
e xx   

0\, sSsEe top   (13) 

1or  0s
ex  SsEe  ,  (14) 

 
The objective function is to minimize the link utilization on 

the most congested link. Constraint (1), (2), and (3) jointly 
enforce the flow conservation law. Constraint (1) requires that 
the total demand volume to a destination node has to be carried 
on the input edges to the destination vertices. Because the top 
layer is used to determine the working VLAN, the local input 
flow is started from the top layer. For each node n, Constraint 
(2) requires that the local adding flow contribute the flow 
difference between the leaving edges and the incoming edges 
of a vertex in the top layer. Since there is no local adding flow 
to the vertices in the down layer, Constraint (3) requires that 
the input flow amount has to be the same as the output flow 
amount.  Constraint (4) requires that the total flow on each link 
is no larger than its upper bound capacity. The upper bound 
capacity is determined by the most congested link in the 
network. Constraint (5) requires that flow can only go through 
the selected edges. Constraints (6) and (7) are used to 
determine the VLAN tree for each state. Constraint (6) requires 
that a working spanning tree being provisioned in the top layer. 
This tree is used for network under normal state. Constraint (7) 
requires a backup spanning tree in the down layer being 
provisioned for each failure state. Constraint (8) enforces the 
tree can use only two way links. Constraint (8) and Constraint 
(9) enforce the leaf constraint. It requires that the two vertices 
adjacent to the failure link must be leaf vertices in the 
configured backup tree. Although each failure state is 
corresponding to a broken link in the formulation, with the 
help of Constraint (9), the solution obtained from the 
formulation can not only be used to protect any single link 

failure but also be used to protect any single node failure. 
Constraint (10) prevents the backup VLAN from using the 
failure link. Constraint (11) and Constraint (12) require that 
only two corresponding bridge edges are turning on to provide 
connection between top layer and down layer. For example in 
Figure 3(c), only (2',2'') and (5', 5'') in the bridge edges are 
turned on. In particular, since all of the bridge edges are turned 
off, the working tree is determined by the top layer. In 
Constrain (13), an unaffected node still uses the same routes as 
those used in the normal state. Only the failure affected node 
can change VLAN; i.e., to switch its flow to the down layer for 
failure recovery. Finally, Constraint (14) requires the decision 
variables for VLAN tree configurations are binary values. 

III. SIMULATED ANNEALING BASED HEURISTIC ALGORITHM 

Because the LCP-TE problem is an NP-complete problem, it 
cannot be solved directly using standard integer programming 
solution approaches. In this section, we present a Simulated 
Annealing (SA)-based algorithm that can be used to solve a 
problem with large input network.  

In the algorithm, each link is assigned a positive link weight. 
The working VLAN for normal state is determined by the 
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Figure 3. Graph transformation and failure recovery
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minimum spanning tree algorithm. In each iteration, a link is 
randomly selected. If the link is included in the working 
spanning tree in previous iteration, the link weight is gradually 
increased until the link is excluded in the spanning tree; 
otherwise, the link weight is decreased until the link is 
included in the new spanning tree. The obtained spanning tree 
is fixed as the working tree and this working tree is used to 
derive the decision variable 0s

ex .  

As the working tree is determined, the Problem IP shown in 
Sec. II can be decomposed into |S| sub-problems (one for each 
backup VLAN). In each sub-problem, the number of 
constraints and decision variables are greatly reduced 
compared to the original Problem IP. By solving all of the sub-
problems, we can obtain the utilization on the most congested 
link. The objective function value of the solution is denoted 
F(w).  

If the objective function value is smaller than the previously 
obtained solution, then the solution is a candidate and the link 
weight is stored in the vector wbest; otherwise, there is a 
probability to accept the solution. As the number of program 

iteration increases, the temperature t decreases. It reduces the 
probability for the program to accept a solution with higher 
objective function value. For the detailed operation of the SA 
algorithm, please refer to the pseudocode shown in Figure 4.  

IV. SIMULATION AND EXPERIMENTAL RESULTS 

We have carried out simulations on several randomly 
generated networks. Each network is denoted as N(d), where N 
is the number of number of nodes and d is the mean degree. In 
those networks, capacity of each link was set to 1000 Mbps. 
We assume each node inside the network has traffic to 
communicate with each other node. The demand for each node 
pair is also generated randomly with 5 Mbps in average.  

In the SA algorithm, the initial temperature T is 10, the 
temperature control parameter γ is 0.92, the random range 
parameter x is 10, loop counter α is 50, and β is 100. Therefore, 
the total number of iteration is α×β=5000. The range of the 
link cost metric is set to [1,65535], and the initial value is 
32767 for each link.  

We first make performance comparisons on the survivability 
ratio under single node failure scenario. The destination based 
algorithm [3] is implemented to obtain the results without 
taking leaf constraint into consideration. We make 
performance comparisons between our algorithm and the 
destination based algorithm on twelve randomly generated 
networks. Observing the results shown in Figure 5 we find that 
the average connection loss ratio is 10%-20% for the 
destination based algorithm. This result indicates the 
importance of the leaf constraint for protection against single 
node failure.  

Because the LCP-TE is an NP-complete problem, we cannot 
directly solve Problem IP to obtain its optimal solution. Instead, 
we use lower bound values to justify the proposed SA 
algorithm. The lower bound (LB) values are obtained from 
solving a relaxed version of Problem IP. This problem is the 
same as Problem IP except that Constraint (13) is removed. We 
directly apply CPLEX to solve this problem. Unfortunately, the 
relaxed problem is still a very complex one. CPLEX can obtain 
an optimal solution to the problem only if the network size is 
small. The results for small sized networks are shown in Figure 
6(a), where the results labeled SA+Opt are obtained from the 
proposed simulated annealing algorithm shown in Figure 4.  

Besides the relaxed problem, we also implemented the unit 
cost heuristic algorithm. In the algorithm, the working 
spanning tree is obtained using minimum spanning tree 
algorithm in which each link weight is set to be 1. Then we 
apply CPLEX to solve the model of Sec. II with the working 
tree fixed. We have observed that the link utilization on the 
most congested link in the unit cost heuristic is much higher 
than the optimal solution. The results show that directly fixing 
the working VLAN is not able to provide good enough solution 
even if the backup VLANs are taking load balancing into 
consideration. On the contrary, by jointly considering working 
tree and backup trees provisioning, the SA algorithm can 
provide a solution close to the lower bound in the test networks.  

1. Begin 
2. Iteration:=α×β; /* number of total iteration */ 

3.  :=number of outer loop; 

4.  :=number of inner loop; 

5. t:=t0 ; /* assign initial temperature value */ 
6. γ:= Temperature control parameter; 
7. UB:= Link weight upper bound; 
8. LB:= Link weight lower bound; 
9. w:=w0; /* assign initial link weight metric*/ 
10. Ubest:=F(w); 
11. x:=Random range; 
12. for i:=1 to   

13. for j:=1 to   

15. T:=MST(w);  /*compute minimum spanning tree*/
16. z:=w; 
17. l:= Randomly choose one link; 
18. if link Tl  then Δ:= random(1, x);  

19. else Δ:=－random(1, x);  
20. do  
21. zl:=zl+Δ; /*adjust weight of link l */ 
22. T̂ :=MST(z); 
23. while T̂ =T and LB<zl<UB; 
24. F := F(z)－F(w);  

25. if 0F  then 

26. w:=z; 
27. if F(w)< Ubest then wbest:=w ; Ubest:= F(w); 
28. else if random(0, 1) < tFe /  then 
29. w:=z; 
30. end if 
31. end for 
32. t:=t ×γ; /* reduce temperature */ 
33. end for 
34. end 

Figure 4. Simulated Annealing based Heuristic Algorithm
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In the final set of numerical experiments, we evaluate 
several algorithms on large networks and plot the results in 
Figure 6(b). Because the experiments on small sized network 
show that using unit cost on constructing working tree cannot 
provide good enough solution, we further implement a 
random-based algorithm in this set of simulations. In the  
algorithm, we randomly generated one working VLAN and 
backup VLANs. If the leaf constraint is satisfied, this is a 
candidate solution. The best one among all candidate solutions 
obtained within 5000 trials is presented in Figure 6(b). The 
results show that the SA algorithm outperforms both the unit 
cost algorithm and the random algorithm. This indicates it is 
necessary to use optimization based approach like SA on 
solving the LCP-TE problem. 

V. CONCLUSION 

In this paper, we propose a novel VLAN based protection 
scheme for fast recovery and traffic engineering in Ethernet 
networks. By enforcing the two end nodes of each link be the 
leaf nodes of its bakcup VLAN, our scheme is able to protect 
any single link failure and any single node failure. We have 
introduced a graph transformation technique to facilitate 
problem formulation of this problem. In this model, we take 
load balancing into consideration to avoid traffic congestion in 
the Ethernet networks. Since this problem is an NP-complete 

problem, we further propose a simulated annealing-based 
algorithm to resolve the problem.  

We have carried out extensive simulations on several 
randomly generated networks. The results indicate that the 
proposed SA based heuristic algorithm can obtain near optimal 
solutions to small sized networks. For large networks, the SA 
algorithm outperforms both the unit cost-based and random-
based heuristic algorithms. 

There are two final remarks on future work. First, in the 
proposed scheme, only one working tree is used in the normal 
state. This model can be extended to include more than one 
working trees. The second research direction is to apply a 
connection based scheme in the model. Both extensions are 
possible directions to make further bandwidth reduction on an 
Ethernet network. 
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Abstract— Cardiovascular disease (CVD) is a leading cause of 

noncommunicable disease death in Malaysia. The shortage of 

cardiology services in rural area is remaining a main concern of 

Malaysia government and this problem has not been solved for long 

time. This paper review the existing telecardiology system and 

elaborates the challenges of deploy telecardiology in rural areas. The 

data collection in rural areas was done by visited three different rural 

areas in Sarawak. We measured the received signal strength (RSS) 

and available wireless technologies in rural areas. The challenges of 

the deploying telecardiology in rural areas included scarcity of 

healthcare professional, poor telecommunication infrastructure, and 

unstable electricity power supply. A new telecardiology technology 

framework is proposed based on the existing infrastructure in rural 

areas. This new framework will help healthcare professionals to 

expand their healthcare services to rural areas.    

 

Keywords—Malaysia, Telecardiology, Rural, Wireless network 

I. INTRODUCTION 

ELECARIOLOGY is a mechanism using information and 

communication technology (ICT) to delivers 

cardiovascular specialty services to medically underserve 

remote areas. The telecardiology transmits electrocardiology 

(ECG) signal and echocardiography image over different types 

of telecommunication technologies such as fixed broadband, 

WiMAX, EDGE, UMTS, LTE, Satellite, etc., from home or 

clinics to cardiology specialty centres. These ECG signal and 

echocardiography image can be transmitted in store-and-

forward mode or real-time mode.  

The store-and-forward is user keep the recorded health 

data or signal and sends heath data to hospital information 

system later time. Whereas, the real-time telecardiology 

requires both parties (patient and healthcare professionals) 

have to presence at the same time. The example of real-time 
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mode is video conferencing between patient and healthcare 

professional. The store-and-forward mode is widely applied in 

telecardiology system to follow-up the chronic cardiac patients 

because it does better in term of data integrity and less 

complicated in design. The advantages of telecardiology are: 

 reduce mortality and morbidity, [1-5] 

 improved the patients follow up rate, [6] 

 better utilize the hospital resources, [7] 

 less travel. [7] 

 reduced the door-to-balloon time of ST-elevation 

myorcardial infarction (STEMI), [1,2][8, 9] 

 better management of cardiovascular primary care, [9] 

II. WIRELESS TELECARDIOLOGY 

     Wireless communication is transferring data between two 

or multiple points using microware. The main advantage of 

using wireless over fixed telecommunication is mobility. The 

wireless communication technologies can categories into 

wireless Personal Area Network (WPAN), Wireless Local 

Area Network (WLAN), Wireless Metropolitan Area Network 

(WMAN) and Wireless Wide Area Network (WWAN).  

     WPAN is a close range wireless network which designed to 

connect a device to other device dynamically (peer-to-peer), 

less than 100 meters. It performs communication without 

support from any network infrastructure. The most common 

WPAN technologies are Bluetooth and Zigbee.  

     A main component in WLAN is called access point. The 

main task of the access point is act as central of transmitter and 

receiver. A single access point communications coverage area 

is up to 100 meters. This coverage area allows users to move 

freely within range of an access point with their network 

devices. Multiple access point can be coordinated together by 

a network WLAN switch to allow users to hand off between 

access points. Wi-Fi is one of the WLAN technologies. 

     WMAN or WiMAX is a high bandwidth wireless 

communication technology. It can provide wireless data 

connectivity over 15KM which is greater than WLAN.   

     WWAN is cellular network such as GSM, GPRS, HSPA, 

and UMTS network. Unlike WLAN and WPAN where 

frequency spectrum is unlicensed, WWAN requires frequency 

license. Hence, only authorized users are allowed to access 

network. It has the largest coverage area amongst the wireless 

network. Typically, telecardiology system integrated more 

than one of these networks (WPAN, WLAN, WMAN, 

WWAN).  

     Numerous studies are made focusing on designing 

telecardiology system over wireless network. AIDMAN [10] 
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was a telecardiology pilot project that using a 512Kbps 

satellite network to carry real-time video and ECG data 

between the island and a main hub in Athens. The link is only 

capable of carrying a single video transmission at a time, and 

to ensure high quality, data should not be carried over the link 

at the same time. AIDMAN [10] share the link between 

several sites to bring down the cost of the expensive resource. 

The satellite network is not widely used in telecardiology 

because of high cost consumption. However, it is suitable for 

area outside the network coverage such as offshore oil 

platform [11] and military application [12].  

     Chin-Teng Lin et. al. (2010) [13] presents an intelligent 

ECG device that able to connected to a mobile and ubiquitous 

real-time display platform. The acquired ECG signals are 

instantaneously transmitted to mobile devices mobile phones 

through Bluetooth, and then, processed by the system. An alert 

signal is send to the remote database server automatically over 

a Wifi/2G/3G networks, once an abnormal ECG is detected. 

The patients were asked to refrain from body movement or 

speaking and maintain regular breathing during recording data 

because motion during the recording might impair diagnostic 

accuracy. A filter is required in this system to filter out the 

noise of motion during recording data. Moreover, the 

telecardiology QoS parameters for web-based real-time ECG 

monitoring are not considered by designers of this system.  

    Mobile-care unit [14] is a portable and wearable home 

monitoring medical device that able continuously collect and 

analyse medical signal from patient. This device applied both 

real-time and store-and-forward mode of data transmission. 

The real-time is activated when the device diagnosed abnormal 

vital signs or ECG signal. It will send an emergency alert to 

the remote server via cellular network (GSM/GPRS) in real-

time. For non-emergency, the diagnosis data is sending 

through internet by store-and-forward mode. However, 

Mobile-care unit did not have alternative back up network to 

support emergency situation when patient is outside the 

network coverage.  

     WE-CARE [15] is an intelligent telecardiology system. It is 

a real time 7-lead ECG monitoring system over mobile 

network (Zigbee/Wifi/3G). The ECG device continually 

collects the user’s ECG data, and then forwards all of the 

collected data to the data centre over mobile networks. The 

doctors are able to check the real-time or historical ECG data 

of a user via the web interface. The system is useful and 

efficient for the cardiovascular disease diagnosis and treatment 

in medical platforms. However, the network layer requirement 

for WE-CARE is 3G network and above. It is not suitable for 

the rural areas application because rural areas usually covered 

by 2G network only. 

III. TELECARDIOLOGY IN MALAYSIA 

     The telecardiology in Malaysia was commenced in year 

2000. The telecardiology services are offered between 

specialist hospitals and non-specialist hospital or clinics. It is 

not widely applied in Malaysia. Between year 2010 and 1012, 

only 359 cardiology cases registered in telecardiology system 

[16]. The hospitals that apply telecardiology service are shown 

in Table 1 and Fig. 1. The telecardiology system should 

expand the services to home monitoring and clinics in rural 

areas.      

     In Malaysia, they were 29% of the population lived in the 

rural area [20] and majority from them are from East Malaysia 

(Sarawak and Sabah). According [21], they were more than 

25% of patients lost to follow-up after discharge from 

hospitals. These may due to geographical and monetary 

constraints [22]. The issue of lack of specialty care for the 

rural population is remaining a main concern and this problem 

has not been solved for long time.  

 

Table 1 Telecardiology stations in Malaysia [17] 

Receiving Station 

(Cardiologist) 

Sending Station 

(Medical officer) 

Hospital Pulau Pinang Hospital Tuanku Fauziah, Perlis 

Hospital Sultanah Bahiyah, Kedah 

Hospital Taiping, Perak 

Hospital Queen 

Elizabeth, Sabah 

Hospital Duchess of Kent, 

Sandakan 

Hospital Tawau 

 

 
Fig. 1 Telecardiology network in Malaysia [16]  

IV. DATA COLLECTION 

     The data collection was done by measuring the received 

signal strength (RSS) and available of wireless technologies in 

rural areas at Sarawak. Three different locations were selected 

and circled in blue colour in Fig. 2, labelled as A, B and C. 

Rural area A and B are at the north coast of Sarawak with flat 

terrain while rural area C is located at inland area of Sarawak 

which surrounded by hills.   

     Rural A and B are connected with electricity grid and have 

safe water supply. But, there has no fixed or wireless 

broadband coverage. The rural area A is 60-70KM from Miri 

city. The average RSS at location A was -96.2dBm and 

available network technologies are EDGE and GPRS. Rural 

area B is 60-70KM from Bintulu town, available network 

technology is EDGE with average RSS -100.6dBm. The 

measurements took in area A and B are listed in Table 2 and 

Table 3. The RSS at both rural areas A and B are poor.  
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Fig. 2 Rural area in Sarawak  

 

Table 2: Five measurements did randomly within rural area A 

RSS (dBm) Technology 

-97 EDGE 

-93 EDGE 

-85 EDGE 

-113 GPRS 

-93 EDGE 

 

Table 3: Five measurements did randomly within rural area B 

RSS (dBm) Technology 

-99 EDGE 

-101 EDGE 

-99 EDGE 

-105 EDGE 

-99 EDGE 

 

     Rural area C is absolutely out of cellular network coverage. 

They are around a hundred fifty households in area C and 

living at river side. They are digitally divided due to 

geographical challenge (surrounded by hills and poor road 

infrastructure). Area C has poor supporting infrastructures, not 

connected to electricity grid and has no safe water supply. The 

main transport between area C and nearest Kapit town is by 

boats. The summary of data collection at rural area A, B and C 

is displayed in Table 4.  

 

Table 4: Summary of data collection at rural areas 

Rural 

Area 

Electricity Network 

Coverage 

Average 

RSS 

A Yes GPRS/EDGE -96.2dBm 

B Yes EDGE -100.6 dBm 

C No NIL NIL 

 

     By comparing these three rural areas, circumstance of area 

A and B is better than area C. Rural area A and B can be 

reached by vehicle. There are connected to electricity grid 

whereas area C is absolutely isolated from basic infrastructures 

such as electricity and clean water. The data collection at 

different environment of rural areas allows us to study, analyse 

and design a new telecardiology technology framework that 

able to support different rural environments.    

V. CHALLENGE OF DEPLOYING TELECARDIOLOGY IN RURAL 

AREA  

     The challenges to deploy telecardiology included scarcity 

of healthcare professionals, poor network signal, no electric 

supply and network infrastructure sustainability in rural areas.  

     Malaysia is short of doctors and cardiologist. The doctor to 

population ratio was 1:791 [17] and density of cardiologist 

was 0.35 per 50,000 [18] populations in year 2011. These 

figures were below the WHO recommended 1:600 ratio of 

doctor to population and also one cardiologist per 50,000 

population recommended by Royal College of Physicians and 

British Cardiac Society [19]. This has reflected the healthcare 

professionals in Malaysia have high workload in hospitals. 

Hence, the involvement of experienced cardiologist in 

telecardiology remains a great challenge.  

    To overcome this limitation, experience medical staff such 

as nurses and medical assistance can be trained to give support 

on telecardiology system 24 hours per day, 7 days per week. 

They can monitor the patients’ electronic health record and 

give preliminary consultation to the patient who need. 

Therefore, standard training program for telecardiology users 

(healthcare professional and patients) is necessary.  

     Besides problem of manpower, the unstable and poor 

cellular network signal in rural area A and B is another 

difficulty to deploy telecardiology in rural area. The poor 2G 

(GPRS and EDGE) signal is not sufficient for the real-time 

ECG signal echocardiography image transmission. To transmit 

medical data in real-time, the quality of services (QoS) of 

telemedicine such as end-to-end delay, jitter, packet loss, and 

throughput have to be considered. To guarantee the integrity of 

transmitted data, telecardiology users in area A and B could 

apply store-and-forward mode to send their health data or 

image to hospital server over a 2G cellular network. 

     The circumstances at rural area C is the worst. It has no 

reliable power supply. In hostile environment, satellite 

communication technology is commonly used. To bring other 

wireless network infrastructure such as cellular network, 

OpenBTS and mesh network to area C, alternative power 

sources such as solar and micro-hydro power is necessary to 

power these wireless network infrastructure.  

     Network sustainability is another challenge to bring 

telecardiology to the rural areas. The rural area is scarcity of 

qualified technical person to maintain the network 

infrastructure. As a result of the poor road infrastructure, it 

may take longer time to move technicians from urban to 

maintain the wireless network in rural area.  

VI. NEW TELECARDIOLOGY TECHNOLOGY FRAMEWORK 

     A telecardiology technology framework for rural area is 

proposed based on the existing wireless network infrastructure 

in rural areas Sarawak.  Fig. 3 shows the new proposed 

telecardiology framework for rural areas. This framework 

apply both store-and-forward and real-time modes. The real-

time mode is for emergency use and store-and-forward mode is 

for non-emergency EHR submission.  

     Each cardiac patient in rural areas will attach with a 

portable cardiac diagnosis device. This device is equipped 

with 3-lead ECG, body temperature sensor and vital signs 
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indicator. The 3-lead ECG is chosen because it is easy to place 

on body and more convenience to patients as compared to 12-

lead ECG.   

     The portable cardiac diagnosis device is able to perform 

self-interpretation on the measured ECG signal, body 

temperature and vital signs. If non-normal ECG rhythm is 

detected, the device will send an emergency alert message to 

hospital server to attract attention from healthcare professional 

at telecardiology station in hospital. This device also compare 

the measured values with predetermined parameters such as 

blood pressure 80mmHg < normal < 140mmHg, pulse 60 < 

normal < 100 beats per minute, and normal pulse oximetry > 

95%. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Fig. 3Telecardiology technology framework for rural areas 

 

          The new proposed framework is equipped with 2G 

network and satellite communication. The telecardiology 

system is capable to select the most suitable wireless network 

to transmit the EHR. If network Quality of Service (QoS) does 

not meet the predetermined parameters, patient’s EHR will be 

temporarily stored in the device memory. The device will keep 

monitoring the network QoS and send out the EHR when 

network does meet the QoS requirement. 

     The satellite communication is work as a backup 

communication network. It will activate automatically when 

there is no 2G network detected during emergency. Users can 

activate the satellite communication manually if they felt they 

are needed especially in emergency situations. During 

emergency, the network QoS will not considered by the 

telecardiology system. The emergency alert message contains 

patient details, location, recent ECG signal, and vital record. 

The new telecardiology system fits with global positioning 

system to track the location of patient for providing a fast 

action such as ambulance transfer from nearest hospital during 

emergency.  The workflow of the new telecardiology 

framework is showed in Fig. 4. The telecardiology users in 

rural area C must use the satellite communication to transmit 

their EHR. They can use store-and-forward mode to send their 

EHR which require less bandwidth and reduce cost.   

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Fig. 4 Telecardiology framework workflow 

VII. CONCLUSION 

    This paper reviews the current condition of telecardiology 

and ICT infrastructure in Malaysia rural areas. A new 

telecardiology system is proposed to extend the telecardiology 

services to rural area. It will help to improve quality of 

patients’ life in rural area. The existing proposed solution for 

rural area C is using a satellite communication. The future 

work of this research is to design and implement a low cost, 

low power consumption and low maintenance wireless 

network infrastructure to expand the wireless network 

coverage to rural area C. An implementation of an appropriate 

independent power generator such as micro-hydro power is 

necessary to support the wireless network infrastructure in 

rural area C.  
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Abstract— Since early days, businesses had started introducing 

environments for mobile device application to their operations in order 

to improve productivity (efficiency) and the closed corporate 

environment gradually shifted to an open structure. Recently, 

individual user's interest in working environment using mobile devices 

has increased and a new corporate working environment under the 

concept of BYOD is drawing attention. The term BYOD(Bring Your 

Own Device) collectively refers to the related technologies, concepts 

and policies, where employees do works by accessing corporate’s 

internal IT resources, such as database and applications, using their 

personal mobile devices like smart phones, laptop computers and 

tablet PCs. However, as a result of security threats caused by frequent 

loss and theft of personal devices and corporate data leaks due to low 

security, companies are reluctant about adopting BYOD system. In 

BYOD environment, there is a variety of connection status like time, 

location device type, and etc. These various conditions due to the 

user's actions can have personalized characteristics. This study 

suggests an analysis behavior pattern method to detect abnormal 

behaviors in BYOD environment. It based on Bayesian theory that 

used SPAM filtering, and we discusses applications of this method in 

BYOD environment. 

 

Keywords— BYOD, Security, Anomaly Behavior Detection, 

Pattern, Bayesian 

I. INTRODUCTION 

HE increase and spread of diverse mobile devices offering 

portability, such as laptops, smart phone and tablet PCs, are 

resulting in the functions of these devices to become expanded 

from simple personal communication means to devices applied 

to all aspects of human life including working environment. 

Since early days, businesses had started introducing 

environments for mobile device application to their operations 

in order to improve productivity (efficiency) and the closed 

corporate environment gradually shifted to an open structure. 

Companies purchased and supplied internally controllable 

devices in order to apply smart devices to their operations. 

However, these devices are not spreading widely as a result of 

difficulty in management caused by loss and change of the 
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devices and economic aspects concerning the device purchase.  

Recently, an interest in working environments to use 

individuals' devices has increased and, accordingly, BYOD is 

drawing attention as a new concept of corporate working 

environment. BYOD is a concept where individuals bring in and 

use their own devices in business activities. Through BYOD, 

companies can anticipate improved productivity (efficiency) 

through the use of smart devices and also a reduction in the cost 

of purchasing devices.  

According to a survey conducted by Cisco in 2012 on 600 

companies, 95% of them are already permitting the use of 

personally owned smart devices in their work environments and 

assets so that productivity of their employees has improved as a 

result. From users’ point of view, BYOD certainly increases 

convenience and efficiency of work. 

Recently, an interest in working environments to use 

individuals' devices has increased and, accordingly, 

BYOD(Bring Your Own Device) is drawing attention as a new 

concept of corporate working environment[1]. BYOD is a 

concept where individuals bring in and use their own devices in 

business activities. Through BYOD, companies can anticipate 

improved productivity (efficiency) through the use of smart 

devices and also a reduction in the cost of purchasing devices. 

However, as personal devices access internal infrastructures 

of a company, security issues, such as corporate data leaks, are 

generated. Personal devices are easy targets of hacker attack as 

a result of their frequent loss and theft as well as low security[2]. 

Through Honey Stick project conducted by Symantec, it was 

found that access to a company's internal infrastructures through 

lost/ stolen personal devices is taking place frequently. 

According to a survey by OpenSignal in 2012, 3997 types of 

Android OS devices are being used and, for 70% of these 

A Study on Behavior Patternize in BYOD 

Environment Using Bayesian Theory 

Dongwan Kang, Myoungsun Noh, Chaetae Im 

T 

 

 
Fig. 1 Change to BYOD Environment 
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devices, the respective manufacturers use the OS with variation 

[3]. In addition to this issue concerning the device itself, the 

security is faced with a difficult situation since corporate 

confidential data can be easily leaked as a result of negligence in 

device management. And efficient control of personal devices 

can be difficult due to frequent device change. In fact, 25% of 

office workers in the U.S. experienced malicious code infection 

to or hacking of their devices used in BYOD system. Therefore, 

the top priority in introducing BYOD system is to establish 

security for the system. 

BYOD environment is comprised of a number of access 

environments, such as through diverse devices or by wired/ 

wireless connection. Without considering characteristics of 

such diverse environments and individual user patterns, it is 

difficult to flexibly respond to BYOD environment with the 

existing network security equipment only.         

  NAC, a network access control security equipment, and 

MDM, a mobile device management method, are discussed as 

methods for BYOD security. The functions of NAC are to 

control accesses by identifying authenticated users or devices, 

to define access control policies and to force compliance with 

the security policies in switches or routers. As the release began 

in full scale in 2006, this solution has since been developed 

further in terms of the functions it offers. At present, NAC 

solution provides wired and wireless integrated security 

functions, such as a powerful IP-based control function, a 

function to authenticate mobile terminals and a function to 

verify terminal security and integrity [4]. 

MDM technology is taking the center stage as of late together 

with NAC. Displaying the fastest growth among corporate 

mobile software technologies, the global market scale of MDM 

expanded from $3.5 billion in 2011 to $5 billion in 2012 as a 

result of the increased necessity of mobile terminal device 

management [3]. Recently, MDM provides a comprehensively 

protective function for a variety of channels subject to data leaks, 

such as operating apps, camera, recorder and Wi-Fi, and, at the 

same time, a function to administer control on company-wide 

monitoring and user environment through the central 

management console. 

However, they still have limitations in achieving an ultimate 

BYOD environment. NAC administers powerful authentication 

at the time of access. However, it does not engage in any 

behaviors after the access. In case of MDM, individual users 

tend to feel reluctant about installing this corporate security 

program in their personal devices. In addition, BYOD 

environment dependent on specific devices restricts users' right 

of selecting personal devices and this is not in conformance with 

the direction pursued by BYOD.  

Unlike the existing intrusion detection system through 

network traffic analysis, this study proposes a method to model 

and patternize users' behavioral elements, and thus to identify 

whether the users' behaviors are normal or not.  

   In this study, we propose a method to detect abnormal 

behaviors based on diverse environmental elements, such as 

user/ device characteristics and user environments. The 

proposed method does not use the existing network traffic 

volume and specific packet's payload data. Instead, it 

patternizes users' behaviors based on elements, such as time slot 

of access and types of the devices used, and, based on the 

pattern data, it distinguishes abnormality of new behaviors. 

Through this process, the status of abnormal behaviors can be 

independently distinguished in relation to individual users 

displaying different use patterns. 

II. RELATED WORK AND RESEARCH 

A number of security products targeting NAC and BYOD 

detect abnormal behaviors mostly based on network traffic 

characteristics. The focus is on detecting malicious intrusion 

attempts or attacks using malicious codes. Therefore, these 

products are not very much different from the conventional 

intrusion detection systems.  

  PacketFence [5], an open source NAC developed by Inverse, 

isolates access of a new device into registration VLAN for 

authentication and administers forced authentication through 

captive portal. In addition, through link with vulnerability 

inspection tools, such as Nexus, it checks security of an object 

prior to access. In relation to behavior monitoring, PacketFence 

has a structure to monitor behaviors of network use (network 

traffic) through a link with Snort following authentication.  

  In [6], a behavior-based NAC model was proposed. This 

model is classified into groups according to the roles of each 

network object. In case of a new object access, each group 

decides the degree of similarity through group voting and a 

decision for entry is made accordingly. In addition, after entry, it 

is examined whether or not behaviors of a new object are normal 

through group voting by the respective group members.  

  In [7], a method to detect current abnormalities based on 

network traffic characteristics, such as past packet count, in 3G 

mobile network environment was proposed. Unlike a wired 

network, a mobile network displays different traffic 

characteristics according to such environments as time and day 

of the week. Therefore, considering time and day of the week 

elements, this method performs comparative analysis for current 

behaviors against behavioral patterns of the past under a similar 

environment. 

III. PROPOSED SCHEME 

In a BYOD environment, personal access characteristics and 

characteristics of device use are different. As much as so, 

detecting abnormal behaviors based on consistent standards is 

highly likely to produce false or erroneous results. Therefore, to 

detect abnormal behaviors, a method with which to patternize 

previous normal behaviors of each object, and thus to 

dynamically manage the patterns is necessary. This study 

proposes a method to detect abnormal behaviors by patternizing 

behaviors based on a variety of behavioral elements, such as 

time/ location of target object, accessed network and devices 

used, unlike the conventional network-based security 

equipment conducting detection through network traffic 

analysis[4]. 
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  For abnormal access/ use behavior detection, the proposed 

method sorts behavioral elements possible to occur in a work 

scenario and uses them in patternizing the users' behaviors. In 

addition to network traffic characteristics, unstructured data, 

such as types of devices used, access time (working hours, 

non-working hours), access locations (inside or outside 

company) and time of use, are used as elements in patternizing 

users' access/ use behaviors. 

In addition, to reflect individual characteristics more in detail, 

overall behavior occurrence possibility is calculated by 

reflecting weighted values in relation to each of the behavioral 

characteristics. Higher weighted values are given to elements 

displaying consistency according to individual behavioral 

characteristics. Therefore, individualized characteristics can be 

applied to the occurrence probability. 

 

A. Overview 

The proposed abnormal behavior detection method is 

implemented mainly in three stages. The first is to model 

elements concerning the respective behavior, the second is to 

patternize the behavior and the third is to detect abnormalities 

for the entered behavior as shown Fig.3.  

  The proposed algorithm is based on Bayesian theory, which 

is applied to SPAM filtering. However, for abnormal behavior 

detection, patterning (occurrence frequencies of words in 

SPAM and normal e-mail) used in the existing SPAM filtering 

has been changed. In case of SPAM detection, the division of 

groups (SPAM or normal e-mail) is clear. In addition, the count 

of SPAM occurrence is the same or larger than the count of 

normal e-mails. Therefore, learning the difference of the two 

groups can be sufficiently achieved [8]. However, in case of an 

abnormal detection, it is difficult to directly apply normal and 

abnormal classifications because abnormal behavior occurrence 

cannot be predicted. Therefore, the proposed algorithm uses 

each behavioral element as classification criterion and classifies 

a single behavior element by patternizing occurrence 

information of other behavioral elements. That is, when a user's 

behavior is {a3, b2, c4}, it does not classify the behavior as a 

whole (normal/ abnormal). Rather, it identifies first the 

occurrence possibility of each behavioral element, a3, b2 and c3. 

The occurrence possibility of a3, in case of a behavior 

corresponding to a3, can be calculated as follows using 

occurrence possibilities of b2 and c4.  

By applying this to each behavioral element, occurrence 

probability of each behavioral element considering other 

behavioral elements can be obtained. Then, with occurrence 

possibility of each behavioral element as an average, overall 

behavior occurrence possibility is estimated. 

B. Base Technology (Bayesian) 

Bayesian theory is one of probability theories. Under this 

theory, if an accident occurring under certain conditions is A, it 

is highly likely that an accident occurring under similar 

conditions from there on is also A. In other words, this is a 

method to deduce posterior probability of a target based on its 

prior probability and also through additional observations.  

When a prior probability of P(A) for an accident A and a prior 

probability P(x|A) of a condition x relating to the accident A are 

given, probability (x|A) of condition X, when A is given through 

Bayesian deduction, is calculated as follows:  

 

)(/)()|()|( xPAPAxPxAP   (1) 

 

In 2002, Paul Graham proposed a method to apply Bayesian 

theory to SPAM filtering. This theory is currently applied as a 

key technology of SPAM filtering. In summary, this method is 

aimed at identifying to which group a document comprised of a 

collection of given words belongs based on the frequencies of 

specific words used in each group.  

  In other words, this method extracts words used in the title 

and the body of an e-mail, and thus decides whether or not to 

classify the e-mail as a SPAM. The earlier classification can be 

learned by users or implemented using base data. When 

classification of a document is decided, frequencies of words 

included in the document are reflected in the occurrence 

frequencies of words in the respective group. As this process is 

repeated, occurrence frequencies of specific words can be 

controlled in each of the two groups; SPAM and normal. (Fig.3) 

 

Accordingly, this method analyzes to which group a word 

included in a new document is more likely to belong, and thus 

decides SPAM status of the respective document.  

  Considering general probability theories, Bayesian theory 

applied to SPAM filtering is required to assume that all 

accidents (where specific words appear) are mutually 

independent. However, it works well even under an assumption 

that the accidents are dependent[8]. 

 

 

 
Fig. 2 Bayesian SPAM Filtering 

 
Fig. 3 Bayesian SPAM Filtering Initial Setup 
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C. Patternize of Behavior 

In a BYOD environment, people can use their own devices. 

In addition, access time, time of use, devices used and services 

used may vary according to users' commuting routes and 

personal characteristics. Characteristic elements displayed by 

users' behaviors are categorized, and thus a generalized 

behavioral model is formulated.  

  Behavior modeling requires selection of behavioral 

elements with which each behavior can be distinctly classified. 

A behavior holds a group of behavioral elements and a user 

holds one of the respective behavioral elements in relation to 

each behavior. For example, assuming that behavior A is 

"access time," behavioral elements can be set as {a1:AM, 

a2:PM} or {a1:0H~6H, a2:6H~18H, a3:18H~24H}. If so, when 

defining the group of behaviors of a user or a device as behavior 

A={a1, a2, ..., ai}, behavior B={b1, b2, ..., bj}, ...,behavior N={n1, 

n2, ..., nk}, behaviors of a current user can be modeled as {ax, 

by, ..., nz}. 

 

User Behavior = {ax,by,...,nz} (A={a1, a2, ..., ai}) 

 

  Behavior pattern information can be managed with matrix 

according to the composition of behavioral elements. The 

'behavioral pattern matrix' provides behavior pattern 

information of each user. It holds data on the occurrence 

frequencies of different behavioral elements based on 

individual behavioral elements. The following Fig.4 shows that 

a patterned user behavior based on behavior model. 

Through this matrix, relevance of the occurrence of other 

behaviors to the occurrence of a base behavior can be analyzed. 

On the other hand, based on other behavioral elements 

generated on the basis of Bayesian statistics theory, it can be 

analyzed as to which elements of the base behavior have high 

possibilities of occurrence. 

 

D. Analysis of Behavior Pattern 

Abnormal behavior detection requires user behavior 

information of a certain level. When a user's "behavior pattern 

matrix" is completed as data about specific counts or time limits 

are accumulated, the user's behavioral pattern can be analyzed 

using the matrix. Abnormal behavior detection is largely 

divided into two stages. The first is to analyze occurrence 

possibilities of individual behavioral elements and the second is 

to analyze overall behavior occurrence possibility.  

   Bayesian Probability theory generally used in SPAM 

distinguishes SPAM based on frequency of a word in relation to 

word composition of a document. The reason such an 

application is possible is because it is relatively easier to obtain 

data about SPAM. However, the problem of solving abnormal 

behaviors as discussed in this study is not to decide a specific 

behavior pattern as abnormal, but to decide patterns different 

from the existing to be abnormal. Therefore, in order to analyze 

occurrence frequencies of all behavioral elements, it is 

necessary to analyze occurrence possibility of each behavioral 

element and, based on the results, to analyze overall behavior 

occurrence possibility. For analysis of the occurrence 

probability of individual behavioral elements, the probability is 

calculated based on probabilities of other behavioral elements 

in relation to each behavioral element through reference to the 

 
Fig. 4 Analysis Spam Probabilities (Word Statistic) 

 

 
Fig. 5 Pattern Based Anomaly Behavior Detection 

 

 
Fig. 6 User Behavior Probability Analysis 

 
Fig. 4 Patternize of User Behavior 
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behavioral pattern matrix. Once probabilities of individual 

behavioral elements are calculated, detailed overall occurrence 

probability can be estimated based on weighted values of each 

behavioral pattern like Fig. 6. 

The occurrence possibilities of individual behavioral 

elements can be analyzed based on the behavioral pattern matrix 

using the following formula. 

 

)a|)P(ca|){(bP(a  )a|)P(ca|){(bP(a

)a|)P(ca|){(bP(a

])c,[b|P(A

2322213121

13121

321




 (2) 

 

If occurrence frequency is found to be 0, the overall 

calculation result becomes 0. In this case, it is necessary to 

adjust the occurrence probability using Laplacian smoothing 

technique. In addition, important behavioral patterns, which are 

consistent patterns displayed by individuals in relation to 

behavioral elements, may be different from the elements of 

behavioral patterns without distinction capacity. Therefore, in 

estimating weighted values, the accuracy can be increased by 

analyzing entropy of the respective behavioral elements per user, 

and thus applying individualized weighted values rather than 

applying weighted average for all users. 

 

IV.  CONCLUSION 

In BYOD environment, there is a variety of connection status 

like time, location device type, and etc. These various 

conditions due to the user's actions can have personalized 

characteristics. In this paper, we proposed measures which can 

detect the abnormal behavior using the user's behavior 

patterning on context information. 

Using this method, occurrence possibilities of behavioral 

elements generated under diverse environments can be deduced, 

and, based on the deduction, abnormal behavioral elements can 

be detected. 

   Mobile devices, such as smart phones, are closely involved 

in the lives of individuals. Even if businesses reject mobile 

devices, user would find ways to use them at work. Therefore, 

we must embrace the fact that BYOD is a reality we face and 

need to make preparations for security technologies to be 

applied to the BYOD environment.  

In the future, we develop a prototype system, and analysis of 

user behavior patterns in order to minimize false positives of 

behavior-based detection. 
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Abstract— Throughout history of the communication and 

broadband networks particularly a major challenge and the battle still  
to speed up the development of quality of services (QoS) and to pay 
more attentions to reduce the delay of delivering signals and data  
over the entire network. WiMAX (Worldwide Interoperability for 
Microwave Access) network has one of these challenge , it's  the 
handover delay (HD) during crossing borders with different speeds , 
the researches among many schemes and models presented succeeds 
to reduces the delay, in most cases used different facts , factors and 
principles which have an influence over delay, Mobile Terminal 
Speed (MT), Distances between the BSs and MT, Radio Strength 
Signal (RSS), Locations Management Area (LMA) and Cell size..etc,  
all these parameters have a significant effect on the handover delay. 
In this paper the modified scheme used Duration Time Session (DTS) 
, MTs speeds and Number of MTs in location area and zones,  
targeting the handover delay, the comparison results showed the 
effect of  all these factors and parameters over the handover delay 
and at which certain levels of MT speed and DTS the handover delay 
has been reduced. 

  

I. INTRODUCTION 
owards to achieve the high data rate in wireless services  
such as VoIP and IPTV, the Mobile WiMAX (Worldwide 
Interoperability for Microwave Access) based on the IEEE 

802.16e [1] standard is developed as broadband wireless 
solution to the wired backhaul. Fixed WiMAX, based on IEEE 
802.16 standard is a cost effective fixed wireless alternative to 
cable, and DSL services. IEEE 802.16e is the new version to 
the Fixed WiMAX [2] with the mobility features  WiMAX 
provides high data rate mobile wireless services for 
metropolitan areas, and coverage range is up to thirty mile 
radius and data rates between 1.5 Mbps To 75 Mbps 
theoretically.    Handover (HO) is one of the key  requirements 
to sit  mobility and quality of service( QoS) for the subscribers 
in IEEE 806.16e. Handover refers to the process  in which an  
MT transition  from the air interface provided by one BS to an 
air interface provided by other BS, the IEEE 802.16 defines 
three types  of  handover [3]: hard handover (HHO), Marco 
Diversity Handover ( MDHO) and Fast Base Station 
Switching (FBSS). MDHO and FBSS are soft handover  and 
adopt the make- before- break  scheme , HHO is imperative in 
Wimax system but MDHO and FBSS are elective. In HHO the 
MS is connected to only one BS at a time , if the MS decides 
to connect  to the new target BS, its selects  only one target BS 

 
 

from  a group of BSs and MTs stops its radio link with the 
serving  BSs before establishing its radio link with the target 
BS, HHO  is causes long  handover delay when velocity  of 
MS is high. in MDHO or FBSS scheme, a MS is registered to 
several BSs at the same time for MDHO  a MS communicate 
with  two or more BSs  in a given interact  while  FBSS 
services flows are set up with multiple BSs.  
                                                   
few published papers are proposed several models in this area 
some researchers have been used soft handovers  and the  
others used hard handover models.  In this paper the handover 
delay modified scheme has been introduced with different 
factors such as  Duration Time Session (DTS) with different  
MSs speeds and number of MSs in location areas which play 
important keys , the  results  based on the comparison showed  
how these factors have significant  influence on the handover 
delay,  and  how these factors in certain level of speed and 
DTS reduce the handover delay. This paper is organized as 
following, in section 2 describes the  architecture of Wimax , 
the WiMAX reference model and handover process, section 3 
the modified model is presented, section 4 the analytical 
comparison results, finally the conclusion. 
 
 

.  WiMAX NETWORK ARCHITECURE 

 
With IEEE 802.16 limiting itself to PHY and MAC layer the 
WiMAX forum is developing end to end network architecture 
[4], specifying the access and the core systems and its 
functionalities ,it contains procedures and protocols for how 
the network will support the mobility and security and 
interworking and authentication to a WiMAx subscribers  
stations.    
                                                                               
A depiction of the network architecture is presented in the 
network reference models  figure (1)  its contains entities such 
as Mobile subscriber station or Mobile terminal (MT), Access 
Service Network  (ASN)and connectivity services networks 
(CSN).  This reference model contains interface between the 
different entities these interface defined procedures and 
protocols, rather than physical links across the entities  The 
ASN consist  of one of several ASN Getaways ,the base 
stations supplying WiMAX radio coverage to geographical 
area.  ASN mange MAC access functionalities such as Paging, 
location, Radio Resources Management (RRM) and mobility 
between base station. The ASN thus services as management 

Impact Duration Time Session over The 
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of the WiMAX radio links only, leaving much of the high level 
management to the CSN. The ASN is deployed by the business 
entity called Network Access Provider (NAP) which provides 
a SS/MSS with L2 connectivity to a WiMAX radio network 
and connect MT to Network Services Providers (NSP) 
management. The ASN Gateway serves  as the 
interconnections between ASN and CSN, this logical partition 
of the access network from the services network enables 
individual access networks to be deployed. 
 
 
 
 

 
 

Fig.1  Network Reference Model 

 
 

III. Network Topology Acquisition (NTA)                                
                . 

Its consist of Network Topology Advertisement , MT scanning 
of neighbor BSs and association process before HO procedure 
the BS periodically send an advertisement message 
MOB_NBR_ADV, which includes channel information of the 
neighboring  BSs such as BS ID (identifier), radiation power, 
frequency assignment , mobility and handover support, and 
their UCD (Uplink channel descriptor),and DCD( Down 
channel descriptor) information. The information contained in 
MOB_NBR_ADV message process faster handover to one BS 
out of all neighboring BSs. After synchronizing with 
neighboring BSs scanning of neighboring  BSs can be started. 
The MOB_SCAN_RSP message contains the information 
about scanning  procedure n procedure with the serving BS. 
All down link and uplink  transmission are paused during 
scanning process and the next step, the association procedure 
optionally, perform between  MS and neighboring BSs. Initial 
ranging process performed during MT's scanning interval is 
optional . the association procedure is to enable  the MT  to set 

and record ranging parameters and other parameters  and other 
information by reusing those information MT is able for future 
HO to a target  BS. If MT decided to skip the association 
process . it must perform an initial ranging procedure  with the 
target BS.                                                                                     

To shorten the HO delay and to reduce wireless channel 
resources waste a good handover scheme should be present. 
But in spite of that, some factor degrading the system 
performance  also exist  in the HO process. Suppose that a MT 
moves with low velocity, the network topology  architecture 
may maintain  the same in a long time. Thus in the cell 
reselection stage, the MT can use the same network topology 
information and skip this stage  since the channel  information 
of the neighboring BSs do not change . MT could synchronize 
to target BS downlink by performing non contention ranging 
and therefore the HO delay minimizes , on the other hand  
when the MT moves  with high velocity the rapid change of 
channel condition makes per obtained information useless so 
during  actual HO procedure  the neighboring BSs scanning 
and contention based ranging  operation must be performed  
which generates long handover delay and wireless channel 
resources waste at higher speed of the MT.                                

 
 
the user spatial disruption is follows a two dimensional 
Poisson disruptions with net rate  which defined the average 
number of users per unite area. The average number of user 
per unite area for i-th popular session is :                                   
                                                                                                     

                                       (1)                         
                   

Total number of MBS session duration time S is based on the 
exponential distribution with means of   and   is the 
condition probability that the arriving signaling request are 
made  for all the rank sessions [6], is given by                           

                                                      
 

=   ,          

       where   ,    0˂α ˂ 1             (2) 

The residence time in cell and LMA and MBS are based on 
the exponential distribution  with means ,  and  
, respectively. 
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Assuming Z, L and C be the random variables for the number 
of MBS zones crossings per session , if Z3 the number of intra 
MBS zone handovers [7]  then E[Z] = E[Z1]+E[Z2] and  
E[C]=E[Z]+E[Z3].  . 

Where D is the handover delay , the average services 
disruption time for an i-th session in MZ can be; 

TM Z,i = E[Z1,i] . DZ1 + E[Z2,i] . DZ2 + E[Z3,i] . DZ3     (3)                   

                                

Assuming the random variable for session duration time is ts, tz 
and tc so probability crossing MBS zones and cells  are given 
in [8] as a following: 

(4)            PZ = Pr (ts >tz) = 

                   

PC = Pr (ts >tz) =                                 (5)      

Assuming   p(k,i,A) denote the probability that there are k 
users subscribing the i-th popular session in an area A  

                                                      

      P(k,i ,A) =                               (6) 

 

average number of inter MBS zone handover to active MBS 
zones can be denoted as  

                                        (7)           

    

On the other hands, the average number of cell crossing is 
given by , 

            (8)             

average number of cell crossing is given by , 

(9)                     E[Z3,i]= 

So the disruption time in MZ and LMA  can be given by  

  TMZ,i =  [ 

(10)  

 

D LMA,I =  [ 

 

(11) 

Suppose that MBS zones LMAs and cells are square shaped 
where there are NZ cells in a MBS  zones and NL cells  in an 
LMAs  then by the fluid  flow mobility model in [9] the cell 
boundary crossing rate can be expressed  as  = (16v)/(πl) , 
where v is the average velocity of MTs and l is the perimeter 
of a cell . in addition  the average duration session time is  

  and S is total number of MBS session.                             
 

. THE RESULTS 

In Figure. 2, the effect of the duration session time  on the 
handover delay is clear ,the results showed that, when  the 
duration session time is 60, with different speeds of mobile 
terminal   the handover delay is becomes very high in the 
lower Mobile terminal speed . in the other hand the handover 
delay is decrease when the mobile terminal speed is becomes 
higher , but  comparing the graduating time  of the decreasing 
of delay within different mobile speeds its clear in speed of 30 
(km/h)up to 60 (km/h) it has a high drop delay comparing to 
speed from  60 to 100, the point is the handover channels as a 
bandwidth  cannot handle all the signaling traffics within lower 
mobility and speed with 60 duration session time ,however  the 
high speed it will be more reliable for the handover processing 
to handle  it with less the effect                        .                         
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 Fig 2.  Handover delay using different MT speed with fixing the 
duration session time  
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Fig. 3  Handover delay within different Duration Session Time 
 

In Figure. 3, The results shown that the handover delay has  
inverse proportional with the duration session time so when 
the session time is high the delay goes down and vice versa  
with consider fixed mobile terminal speed ,this scenario 
applies to figure 4, 5 and 6, although the number of mobile 

terminals is changed  from 100 to 150 and 200 respectively.    
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Fig. 4  Effect Duration Session Time on handover  delay based on 

100 mobile terminals  
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Fig. 5  Effect Duration Session Time on Handover  Delay Based On 

150 Mobile Terminal    
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Fig. 6  Effect Duration Session time on Handover Delay Based on 

200 Mobile Terminal 
 
 

In Fig. 7, comparison the handover delay  based on different  
duration session time and different numbers of mobile 
terminals is shown that the delay has inverse proportion 
relation with the duration session time  under the certain 
criteria such as the fix speeds and locations areas. Obviously 
this relation has real impact on the bandwidth channels where 
the connections between the session duration and the 
bandwidth should be on the same tone when the processing 
itself  deal with the handover delay, in this figure result  shown 
that delay comes lower and  closer  between 60 to 80 duration 
session time to all different number of mobile terminals. 
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Indicated that in such this case its good scenario of lower delay 
if the duration session could be in this range of time but still 
the higher number of terminals has an acceptable lower 
handover delay than the others.                           
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Fig.7   Handover Delay based on  Mobile Terminals and  Different 

Duration Session Time  
 
 
 

VI.  CONCLUSION 

The influence of the session duration time , MTs numbers and 
speed has an obvious impact to the handover delay, as far as 
the session duration time is low the network performance shall 
record a positive quality of service and low handover delay.  
with high speed and low session duration time the handover  
has lower delay, its necessary not to be neglect the importance 
of bandwidth channels which has an additional positive value 
to all overcome the network performance, particularly when 
the reduction the  handover delay is the main target to achieve.                                                           
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Abstract—This paper describes the development of a project 

which sought to potentiate the ability of design and development of 
technological projects for the benefit of the town of Ciudad Bolivar 
in Bogotá- Colombia, improving the access to Information and 
Communication Technologies (ICT) among the community and 
reducing the digital gap that divide this area. This document shows 
the process undertaken for the project development and the results 
obtained at the end of it, showing the way to design, install and 
provisioning of functional wireless community network nodes and 
ICT applications that are developed to be used by the community that 
has network coverage. 
 

I. INTRODUCTION 
HE use of ICT is no longer a technological curiosity but 

an essential tool for the development of a country. There is 
a correlation between the number of users that access to ICT 
and the poverty rate in the countries from which it follows that 
the coexistence of poverty widespread and inequality in access 
to ICTs constitute the greatest threat to development, 
prosperity and economic and social stability of a country. 

Ciudad Bolivar is a town of Colombia known for being 
influenced by the low access to electronic media, digital 
exclusion surrounding the town of Ciudad Bolivar makes the 
academy to promote projects for people more vulnerable to 
benefit and access to information.  

Of the 151,547 homes from Ciudad Bolivar, 143,666 do not 
have the possibility of using computers to access these 
technologies; in order to eliminate these rates of poverty and 
digital illiteracy this project aimed to research, study and 
implement WiFi wireless systems in the 2.4 GHz and 5 GHz 
offering free education tools, entertainment and culture. 
 
According to above, it is important to have installed a 
communications infrastructure that facilitates the 
interconnectivity of the local community with ICT 
applications. 
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II. RELATED WORK 

A. Buenos Aires Free: 
It is a community wireless network which covers the city of 

Buenos Aires, Argentina and surrounding areas. The 
infrastructure and the nodes are owned by each user, and each 
user is responsible for the maintenance of the node, unlike the 
wireless network community of Ciudad Bolivar, Buenos Aires 
free star-like topology uses and have a web page with all the 
detailed information of the nodes in operation, maintenance 
and construction, and detailed information about how to design 
a node, how to design antennas, etc. [6]. 

  

B. Rosario Without Wires: 
This digital network is a metropolitan area network (MAN) 

of community character for the city of Rosario (Argentina) and 
its surroundings, using wireless technology. It comes from the 
joining together of Wireless and WUGRo Rosario, in order to 
join forces because both groups shared almost the same 
objective, deploy and maintain a network of free information 
and community as a local alternative to the Internet to deliver 
content, among other applications. The network expansion is 
carried out through participation of its members. In addition to 
regularly broadcast different activities and learning, such as 
workshops where they teach to build homemade antennas and 
nodes accessible equipment [7].  

C. Guifi.net: 
This telecommunications network is a free, open and neutral 

vertebra from an interconnection agreement between equals, 
where each participant connect, extend the network and get 
connected to everyone else. It covers Spain and much of the 
Iberian Peninsula, is one of the largest in the world, has 
website where they post the latest developments in the network 
of active nodes and statistics, construction and testing [8].  

D. ChileWithoutWires: 
This is an open community that shares experiences and 

knowledge with groups and communities, especially low-
income, to provide access to connectivity systems that help 
improve the quality of life and promoting the use of free 
software. Located in Chile but it is hard to know how much 
cover the country, as their website does not have further details 
on number of nodes or their location as their previous [10], 
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[11]. 

E. FreeMontevideo: 
It is a project dedicated to the creation and organization of a 

free data network in the city of Montevideo, Uruguay, and 
vicinity. It is a computer network, where everyone can connect 
to other computers, just as we do on a small network in an 
office or at home. They use all kinds of communication 
technologies being 802.11a/b/g/n standards (WiFi) major. 
With this technology are connected to each other, forming a 
network that aims to cover the entire city. The project is 
completely open and also have web page with all the details 
[12]. 

III. METHODOLOGY 
The development of this project was carried out sequentially 

through three methodological approaches, the first exploratory, 
descriptive, the second and finally one of a quasi - 
experimental. 

Begins the study, through a type of research, exploratory, 
allowing most appropriately address the subject of the 
investigation. Once the exploratory research, is entered to 
generate a closer relationship with the relevant formulation of 
the problem through, a descriptive research, which allows you 
to specify in detail the design of technological development. 

The next part of the research done in relation to quasi - 
experimental, where is the implementation and evaluates 
evidence relevant to technological development in relation to 
the objectives. 

Besides the aforementioned methodological approaches, 
identified six steps required to bring to fruition the realization 
of this research project, described below [1], [4]. 

 • Phase I: "Study and analysis of wireless community 
networks." This phase developed a collection of information, 
study of academic material, books, and specialty items for the 
first approaches to solving the problem. 

• Phase II: "Designing the wireless network" In this phase, 
developed the design of the nodes of the wireless. 

• Phase III: "Implementation of the wireless network." This 
phase implements the wireless network nodes. 

• Phase IV: "Testing coverage of the network." This phase 
tested the coverage of the nodes. 

• Phase V: "Training for the community about the use and 
participation in the community network." At this stage 
seminars were held to encourage community use and 
participation in the network. 

• Phase VI: "Documentation of the research project." In this 
phase, all relevant documents to the project such as the final 
technical report are done. 

IV. DESIGN 
 

The wireless community network of interest consists of 
several network nodes, each of them has a router joint with an 
omniderectional antenna these devices are in charge of spread 

the network signal and a server which contains all the services 
and applications specially designed for the users.  

From the user side every user should have a way to connect 
to a wireless network that could be a laptop, a desk computer 
with a wireless adapter or, for a better quality of the signal; 
they can have a homemade antenna. 

In order to begin the development of mathematical 
calculations must take into account that the router adjusts the 
transmission rate (between 54Mbps and 11Mbps) depending 
on the reception power of the link established with the user. 

A. Downlink and Uplink: 
To calculate the receive power it is used the following: 

          (1) 
 

Where: 

= Receive Power 

= Transmission Power 

 = Total Link Gain 

 = Total Link Loss 

 = Margin for design  

 
Fig. 1. Receive Power variation from  one point of the covered area 

In Figure 1, the distance between the horizontal lines 
represent the range in which the reception power varies, then: 

   (2) 

On average the fluctuations in the reception power are near 
10 dB, and then this value is assumed as a design margin to 
ensure high availability of the link. 
The orresponds to the value of the transmission power of 
the router used for the downlink. For the uplink is the value of 
the transmission power of the wireless adapter, home antenna 
or wireless network interface card, depending on each case. 

The is given by the sum of the gain of the antennas used. 

The  is determined by taking into account the amounts of 
the following losses, 

Lc = Connectors losses (0.2 dB per connector. Given by the 
manufacturer) 
Lg = pigtail cable loss (0.6 dB per meter given by the 
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manufacturer) 
Lpd = discharges protector loss (0.2 dB given by the 
manufacturer) 
Lo = propagation losses due to the environment 

B. Propagation loss: 
For this calculation we have two scenarios, the first is when 
there is no line of sight between the transmitter and receiver, 
the situation is studied by Walfisch-Bertoni model, in the 
second scenario is used the free space propagation model as 
there is line of sight. 

- Case 1: Walfisch-Bertoni model 

 (3) 

Where: 

  =Wavelength : c/f =300000000 / 2447000000 = 0.1225m 

  = Average distance between buildings = 4m 

A = Variable which shows the influence of the buildings on the 
signal.  

 (4) 

H = Difference between the height of the transmitting antenna 
and the average height of the buildings 

 = Distance between transmitter and receiver 

Re= Effective earth radius  

- Case 2: Free Space Path Loss 

 (5) 

Where: 

F = frequency (GHz). 

d = distance between transmitter and receiver. 

And the minimum receive power (Prxmin) is the sensitivity of 
the receiver. 

C. Capacity: 
Regard to the link capacity is estimated the number of users 
that supports the community wireless node, as follows: 

)(%)(
)()º(º

ofUseBandWidth
SpeedConnectionofAccesPntNofUsersN = (6) 

 
This gives that the average number of concurrent users is 18 
for each network node. 

V. TECHNOLOGY 

A. Network Protocol: 
The Network Protocol implemented is B.A.T.M.A.N. This is a 
proactive routing protocol for wireless Ad-Hoc Mesh, 

including Ad-hoc Mobile Networks (Mobile Ad-hoc Networks 
MANETs). The protocol proactively maintains information 
about the existence of all nodes in the mesh network that are 
accessible with a single-hop communications or multiple hops. 
B.A.T.M.A.N. strategy is determined for each destination 
network only one hop neighbor mesh that can be used as the 
best gateway to communicate with the destination node. For 
multihop routing based on IP routing table of a node should 
contain a link to the local gateway for each route. 

Learn about the best next hop for each destination is what the 
algorithm of BATMAN care of. It is not necessary to find or 
calculate the full path, which makes it a very fast and efficient 
implementation. 

Due to the high failure probabilities given connections, lost 
packets, and other brings problems that implies use of the 
wireless medium, BATMAN considers these challenges to do 
statistical analysis of the protocol packet loss and speed of 
propagation and does not depend on state and topology 
information from other nodes. Instead of relying on the 
metadata contained in the protocol traffic received - which can 
be delayed, outdated or missing - the routing decisions are 
based on knowledge of the existence or lack of information. 
B.A.T.M.A.N. protocol packets contain only a limited amount 
of information and are therefore very small. 

 Protocol packets lost due to unreliable links are not offset by 
redundancy, but are detected and used to improve routing 
decisions. B.A.T.M.A.N. chooses the most reliable route next-
hop decisions of individual nodes [5]. 
 

B .Hardware: 
The hardware implemented consists of: Omnidirectional 

antennas which gains is equal to 15 dBi,  NanoStation2 
routers, computer servers with a basic configuration using 
Open Source Software and homemade antennas. 

 

 

 
Fig. 2. Hardware implemented 

Latest Trends on Communications

ISBN: 978-1-61804-235-4 141



 

 

 

VI. RESULTS 
 

It was built a communication infrastructure for the public 
and free use of the community after many tests and 
measurements the following figure shows the results obtained 
for the Rx power on different geographical points using the 
three ways possible to access the network. 

 
Fig. 3. Rx Power 

Below is shown the physical installation of a network node and 
its respective simulation of coverage. 

 
Fig. 4. Network Node 

 
Fig. 5. Network Node Coverage 

The next picture shows the web application developed for 
community use in order to provide a space for entertainment 
and education. 

 
Fig. 6. Web Application 

The Software was developed through the content 
management system Joomla v1.7, its main component is a 
repository of applications that support the learning process of 
children, has an interactive educational content in math, 
English, science, geography, general culture, among others.  
 

In order to control the network was developed a special 
website to inform about the status of the wireless community 
network and it is a space for interaction between users, 
developers and managers of it. 

This site allows users to monitor the performance of 
deployed nodes discriminating the operating status, and also 
enables the community to register new nodes if they have been 
in place autonomously by inhabitants of the area, documenting 
the location and construction.  

The website address is: http://riccb.netai.net/ 

 
Fig. 7. Network Web Site 

Furthermore, different applications were developed for use 
for the community to make them active and participatory 
factor in the implementation of the Community network in this 
area, here are implemented as Web services. 

Moreover, it has been summoned to the beneficiary 
community to various training seminars to teach them how to 
access the network and how best to make use of it and their 
applications, explaining each one of the services they can use. 
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Another approach to training for those interested is a 
complete guide on how is the process of developing a network 
node, in case you want to collaborate with the growth and 
expansion of the project.  

 

Fig. 8. Community Trainning  

A conclusion section is not required. Although a conclusion 
may review the main points of the paper, do not replicate the 
abstract as the conclusion. A conclusion might elaborate on the 
importance of the work or suggest applications and extensions.  

DISCUSSION 
It was successfully developed a free wireless network in 

Bogota facilitating access to information of its residents and 
providing services that improve the quality of life of society in 
this area. Also there is a web site where it can be reported the 
status of the network, providing a meeting point for all users 
and stakeholders in the development of the network. 

The promotion and implementation of applications used for 
research, communication and entertainment community. 

This type of network, technically speaking, is easy to install, 
economical and have the potential to access all the time. 

 Mesh networks manage large communities to interconnect 
at very low cost and multiple alternative paths that allow a 
node if there is damage to alternative routes for traffic study. 
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Abstract –Quality of Service (QoS) routing is an imperative 
difficult task for data packet routing among VANET nodes that 
guarantees quality delivery to delay sensitive applications terms of 
bandwidth and delay.Coupling with the sensitive transmission of the 
real-time safety messages VANETs environment,in this paper, we 
proposed a model that uses intelligent mobile agents to improve the 
efficiency of traffic and ensure sustainability of modern cities. We 
used an intelligent agent based network that can provide three (3) 
different forms of agents inspired by the concept of biological 
paradigm of communication between bees when searching for 
food.The mobile agent architecture is used to exchange the status 
information among nodes. Based on the system architecture, we 
present a routing mechanism to calculate the corresponding QoS 
provision values based on QoS metrics before selecting the optimal, 
reliable and stable route between source and destination. 

Keywords: QoS Routing, bio-inspired, VANET 

I. INTRODUCTION 
Vehicular Ad Hoc Network (VANET) is considered as 

the most favorite model of Intelligent Transport System (ITS) 
that connects vehicles to each other. The vehicles are self-
organize and self-healing network,equipped with some 
advance wireless sensors devices for communication.It offers 
a quite number of applications upon which the safety 
application is the most crucial, sensitive and perhaps most 
important service. Thus must be forwarded to each adjacent 
node with absolutely no delay. 

One of several challenging tasks from the 
implementation of VANETs is the design of routing protocol 
which is to reduce the delay bound for the time sensitive 
applications. These perhaps guaranteeQoS constraints with 
respect to the propagation delay, throughput utilization and 
stability of a path as well as makes efficient use of the 
network bandwidth.QoS provisioning is to attain more 
deterministic network behavior making the network 
informationto be delivered betteras well as to utilizethe 
network resources. However, providing QoS solution to 
maintain the delay bound in high mobility VANET 
environment still remains a significant challenge. 

The QoS routing is an essential challenging task for data 
packet routing between VANET nodes to guarantee the 
delivery of high time sensitive applications taking bandwidth 
and delay bound into considerations. For this reason, QoS 
routing incorporates the collection and maintenance of update 
information about the network behavior to discover path with 
QoS requirements [1].Ultimately, routing protocol usually 
offers QoS on traffics with QoS routing guarantees for the 
successful transmission of data. In addition, the routing 
protocol is also at the helm of guaranteeing that traffic meets 
the QoS requirements as well as intelligently classified 
traffics independently. In this paper we propose a new QoS 

routing model inspired by bees' bee communication paradigm 
using vehicle as a mobile agents. 

Several researchers embark on this research to preserve 
the evolutional pace in networking breakthrough.The 
motivation behind this effort is to devise new methodologies 
and tools for managing communication system by utilize the 
dynamics and understand the essentialmodel of biological 
system. Thus provides network information for such dynamic 
environments that areintrinsically adaptive, scalable, self-
healing, and heterogeneousas well as service applications.A 
service could be stamped by certain set of constraints impose 
on the prior to path selection. These could be the minimum 
bandwidth, delay bound, variance (jitter), and packet loss 
rate. These features are supported by yet another essential 
area of interest; the mobile agent. Agent-based schemes 
which consist of static or mobile agent have been proposed 
for flexibility, scalability and efficiency to distributed 
computing [2, 3, 3]. 

A mobile agent refers to an application or program in a 
communication network that represents a user which is also 
adequate ofremitting the self-healing between nodes to 
perform computational activities behalf of the user. It can 
however, append the host node execution and handover itself 
to a different agent-based host node and intelligently 
continue its execution on a new host node.[2]. However, 
mobile agent has some distinguishing features compared to 
the conventional distributed computing which include; 
intelligent network awareness, flexibility, scalability, goal-
oriented, learning and mobility among others[4, 5]. Quite a 
number of applications utilize the mobile agent technology 
for collaborative and managerial purposes. It has being a 
potential application in mobile computing particularly in the 
wireless networking environment for the support of 
asynchronous communication and intelligent query 
processing.In some cases, mobile agent as shown in [6], 
reduces the network traffics and increases the network 
performance in wireless communication as compared with 
the conventional approach. 

This paper proposes an intelligent agent based network 
that can provide three (3) different forms of agents based on 
bee communication paradigm, as describe in section III. The 
communication systems of this next generation however, 
deem to be envisioned as a complex system involving several 
communication devices. These devices differ in certain 
capability with wireless sensors equipped to mobile vehicle 
as well as wireless access devices. 

The rest of the paper is explained as follows. Section II 
discussed the concept of bee communication in nature, 
section III described the mobile agent routing strategies, 
while in section IV, the working procedures of the proposed 
model is been introduced for improvement of QoS routing in 
VANET.  
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II. CONCEPT OF BIOLOGICAL BEES IN NATURE 
The bee are considered as domestic insects in a cluster of 

colony that has ability to move and sufficiently flexible to 
innumerable changes within the forage sequence by having a 
decentralized and complicated communication and control 
system. They shared a communication language based on 
dance performance by the scout which employs stochastic 
principles depending solely upon neighborhood information. 
The strengthening and self-healing behavior aims to recruit 
others by means of transmitting the distance along with 
direction of food while the quantity of compiled food is 
optimized in a decentralized manner.  

Making use of such principles through a multi agent 
system (MAS) is generally referred to as swarm Intelligence 
[7]. The reader is refers to [8][9] for more details on the 
biological background. 

However, bees with the intelligence of a hive have been 
inspired by several researchers in communication 
environments. For instead, the BeeSensor in [13] which is a 
bee-inspired power routing algorithm that implements a basic 
bee-agent model. The bee agents however do not transmit 
rather it uses the idea of incorporating three types bee agents 
as scouts, foragers and packers. A packer is responsible for 
receiving /sending data packer within the application layer. 

Moreover, the concept of BeeHive has also been 
motivated to further research improvements in 
communication environment. Similarly [10] produces a 
BeeHive routing algorithm that is inspired from the 
communicative techniques and operations of honeybees. The 
structure of BeeHive however, makes it possible for the 
intelligent bee-agents to explore more about the network 
regions (known as foraging zones) and subsequently acquire 
information that could be transferred to neighborhood routing 
tables.  

III. MOBILE AGENTS QOS ROUTING 

In this section, we present the overview of proposed QoS 
routing process for VANET using mobile agents. This 
however, represents the basic idea of the phenomenon of bee 
communication paradigm. Thereafter, data packet and route 
cache structure are also discussed along with the distinct 
stages of the scheme. 

 
A. System Model 

 
The following assumptions are considered for the 

proposed scheme. 
- Assumptions  
• The network consist of node as a bee hive that 

incorporates bee agents, operating accurately like 
bee scout 

• The scouts provide information regarding 
propagation delay as well as queuing delay of the 
paths to the nodes they visit 

• The bee agent determines whether a route satisfies 
QoS requirements analyzed against a threshold that 
depends on number of hops. 

 
• The route cache is considered as dancing floor with 

stored information on QoS paths. 
 

• Data frames are considered as the foragers having 
access to visited node route cache to discover QoS 
paths. 

Conversely, for these assumptions made by the beehive, 
there are two standards for either the dance is for recruitment; 
causing the packet transmission delay or the queuing delay of 
that the scout traverses. However, [10] estimates the round 
trip delay timetdtfor the data packet of current node i that is 
within the transmission range of next adjacent node j: 
 

ijijijij pdtxqt ++≈  
qij is the node i queuing delay, and the link between the 
transmission delay and the propagation delay are represented 
by txijand pdij respectively. Moreover, qij depends on the 
queue size and data packet traffic load as well as the link 
bandwidth ofi and j. The pdij determines the delay that data 
packet encounters during transmission between the nodes 
[11]. 
Consequently, for the neighboring node j to reach the 
destination d as in[10], is determined by a function ( )jdf  of 
propagation as well as queuing delays. 
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The packet switching is obviously performed in 

stochastic sampling approach with replacement to make sure 
that adjacent node j with goodness gjd will is chosen as next 
hop to destination d at node i. with at least the probability 
defined as: i
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B. Bee Communication Assumption and  QoS routing  
 
Vehicular ad hoc network is considered platform with 

beehive representing the source vehicle and food 
corresponding to the search food. Worker bees (workers) are 
considered as the intermediate vehicle which is neither the 
source vehicle (beehive) nor the destination vehicle (food). 
To reduce overhead and increase stability, one of the workers 
is chosen as the cluster head to manage the cluster activities. 
However, each of any members has its own routes table that 
stores different routes, available QoS requirement as well as 
node location. The source node will begins with checking its 
resources availability where optimum route is chosen in 
storage cache, reserve the resources and transmit data 
packets. When there is no any valid route with sufficient QoS 
requirement is stored in cache, then forward the packet to 
worker (Routing Agent) based on the algorithm below; 

 
 
 
 

Latest Trends on Communications

ISBN: 978-1-61804-235-4 145



Algorithm: Q_RReq Process at Intermediate node 
/* Here OBA sends Q-RReq to RA*/ 

BEGIN 
1. Place SA within the network && Count nodes  
2. For hop = 1  
3. Remove Routing Agent  and  
4. Enter: A Q_RREQ packet with  minimum bandwidth  

&maximum delay   
 IF (Node == routing agent in the cluster){  
5. IF QoS_RREQ with the same {source ID, sequence   

number}   received before  
 Remove and decrease hop count of mobile agent 

6.  THEN discard  packet; 
7.  ELSE 

Convey information all adjacent RA 
8. IF {  node lifetime <  threshold  
9.         Compute Cost function from the source to  
10. this node; path  available bandwidth Delay,  
11.   IF route = True && QoS requirements = True   
12. Success triggers a QoS_RReq (each node knows the  
location of  the RA& closest SA based on inform 
 from QoS_RReq received) 
13. Update Q_RREQ  
14. Broadcast QoS_RReq 
15.        }  
ELSE {  
16. Broadcast Q_RReq other Routing Agents via Smart   

      Agent;  
      END if}    } 
END 
 
C.  QoSBee Packet Types 
The scheme uses two agents as its main packet types for 

QoS rout discovery; namely scout and forager. The scout 
agent which could either be forward or backward scout; is 
lunched by the source vehicle to discovery QoS route to 
destination and transverses back the route reply to the source. 
The packet is periodically refreshedto keep update of the 
route list and the available QoS information (delay and 
packet loss) and its packet format is shown in table 1 below. 
 

Table 1: QoS Bee Packet Format 
C_ID Cluster ID to which requesting node belongs 
Bv_ID Beehive  ID 
Fd_ID Food  Id 
Required Data Identifies the requested data 
Traffic Class Type ofdata traffic for Transport protocols  
PV_Time Packet arrival time 
Path_list List of addresses of visited nodes  
Life time defines the expiration of the requested packet 

Avl_Bw Defines the required amount of traffic generated 
available bandwidth. 

Del_bnd Delay bound  
St_Fd Stamp Field 

. 
1) Scout 

This type of packet is the control packet that is use to 
discover QoS route to destination when demanded. It is refers 
to as forward scout that initiate route request (from source) 
until food is reached (destination) in bee-inspired protocols. 
Thereafter, it transvers back to the beehive (source) to inform 
the members the found food; refers to backward scout. 
 
1.1) Forward Scout Agent 

This kind of scout guarantees the exploration of the 
network to discovers route to destination as well as collect 
routing information (experience delay).  It makes a temporary 
registration in its route cache to store the visited node to be 
used on its way back.  The present of beehive identifier and 

food identifier in the control packet format from table 1, 
prevent route request duplication when receiving the same 
scout. To ensure loop-free of the route request, the life-time 
field limit number of hops by each packet. If received, it will 
be discarded by the forward scout. The life-time field is 
expanded when the beehive does not obtain any response for 
the waiting period. More so, the stamp field determines the 
computed available bandwidth and delay bound as well as to 
decide on QoS guarantees.Therefore, whenever a source node 
discovers a food and doesn't have a valid path with QoS 
requirements to destination, it triggers a forward scout agent 
and stores the information using propagation principles[12] 
to all neighboring nodes.  

Ultimately, the forward scout agent in our scheme 
contains three elements (details in section III): (i) Smart 
agent (SA), (ii) Routing agent (RA) and (iii) Onboard agent 
(OBA), illustrated in fig. 1. To avoid flooding the entire network 
overhead, the Smart agent produces forward agents in 
accordance to an on-demand (e.g. a new route is needed), 
details in[13].  
 
1.2) Backward Scout Agent 

Squeal to the discovery of QoS route, the node transmits 
the packet in backward scout to beehive (source). It also has 
similar control packet format with forward scout indicated in 
table 1 with stamp field to inform beehive about available 
bandwidth and delay bound. Backward scout uses the life-
time field to represent the time route reply scout packet 
received with valid route. 

Usually whenever the backward agent featuresare been 
launched, the situation inherits almost all the information 
collected from the forward one along with transvers its route 
to the source node. 
 
2) Forager 
This kind of packet deals determines the data packets 
forwarding used to broadcast the communication data. The 
data packets will be in a queue until route discovery of the 
target path is terminated.To achieve the level of QoS, 
messages would be sent using strict priority queue (SPQ) 
order [14] until the entire packet frames with the same 
priority are sent.However, it contains a module agent which 
deals with forwarding data packet and ensuring data are 
routed through the optimal route. It tends to make utilization 
of the information established by the agents which makes it 
available in the route cache repository. The detailed 
description of the proposed intelligent agents is presented in 
table 1 below of next section. 

IV. PROPOSED WORKING PROCEDURES 

This section highlights the working procedure employ in the 
protocol design for effective integration of mobile agent into 
QoS routing. 

The vehicular network considers all moving vehicles as 
part of the network for the role of intelligent agent nodes. 
The RA is responsible for managerial role within the cluster 
as well as route discovery to nearby clusters as indicated in 
table 1. 
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Table 1: Intelligent Agents Descriptions 
Mobile Agent Characteristics 
Smart Agent 

(SA) 
Potable agent situated along the intersection and streets 
Maintains traffic database & routing information 

Route Agent 
(RA) 

Route discovery  
Establish connection between  cluster members 

Onboard 
Agent (OBA) 

Transceiver (sensor) agent inside vehicles for 
communication 
Collect vehicle status  and location from GPS 

 
SA is a potable agent situated along the intersection and 

streets which could also be connected to the neighboring RA 
within maximal number of hops. The next task is to establish 
path between source node and destination node which is done 
by the routing agent. However, the SA accumulates the 
network behavior information according to a uniform 
probability distribution. The vehicles are situated on the road 
with an equipped sensor (OBA) agent to provide wireless 
communication for vehicles. The bee Hive in this context is 
the nodes consisting of bee agents that determine the 
information on QoS route to destination. Meanwhile the bee 
agents decide on the QoS path information based on 
threshold value. The proposed mobile agent model is 
illustrated in the fig. 1 below. 
 

 
Figure 1: Mobile Agent System Model 

The routing cache is considers the bee dancing floor that 
provides the actual routing platforms meant for agents along 
with packet data, in addition to feasible supplementary data 
components. In addition to sustaining statistics of interest 
regarding vehicle nodes and the network behavior that can be 
useful for route evaluation. 

The propose algorithm is a reactive protocols which 
based on BIMAS[15] approach. BIMAS considers clustering 
mechanism so that only the cluster head nodes communicate 
with the mobile agent. To our understanding, this is 
considered a novel contribution to the research of deploying 
mobile agent/relay in WSN.Our scheme investigates a QoS 
routing protocol in vehicular ad hoc network using clustering 
approach. 

In cluster-based routing approach, mobile nodes that are 
within a radio transmission range to form a cluster area with 
a node being elected as the head as shown in fig.2. The 
concept has been effectively employed in MANET 
environments that minimizes rebroadcast issue and gives a 
better delivery ratio. However, control messages are sent 
between clusters to keep reliable and stable connections 

which mostly causes overhead problem for routing 
algorithms 

 
Figure 2: Mobile Agent communication Scenario 

In the course of routing discovery and routing 
maintenance phases, the flooding strategy in AODV causes 
the routing control overhead, delay and huge packet loss rate 
to improve greatly, that brings bad overall performance of 
VANET.In the route discovery process, QoS route is 
broadcasted and routes reply transverses either by the 
destination (backward agent) or by the cluster head node 
(routing agent) with an available route. 

Conversely, VANET are considered in this scheme as a 
network of vehicles on wheel and some intelligent smart 
agents (SA) strategically deployed on the roadside or 
intersections. As in section III, we assumed each vehicle to 
be equipped with GPS receiver and a radio transceiver. These 
ensure frequent update on vehicle location and moving 
parameters like speed and direction. However, each SA is 
assumed to be connected to the internet via high capacity 
wired cable such that data packet could be routed among the 
SAswith less delay bound.Subsequently, the SAs and the 
vehicles can also communicate only if they are within the 
same transmission range R.The SAs in the scenario 
constructs a weighted graph 
the U is the information update for the mobility and location. 
Every vehicle node represents either the SAs or OBA 
of a member node with changing link between the vehicle 
nodes for to be 
vehicleand . 

When a vehicle has data to send to the Internet or to 
another vehicle and does not have a cached route, it first 
initiates the route discovery process by forward the route 
request (RREQ) packets to the RA. When the RREQ packet 
is received by an RA, it selects a route for the source node 
using the algorithm presented III-B, based on the weighted 
communication graph that it maintains, and signals the other 
SAs that this route request has been processed. 

The RA selected by the routing algorithm will then 
include the computed route in the transverse Route REPly 
(RREP) message and return it to the OBA. In addition, the 
new route selected by our routing algorithm may go through 
another SA because the communication graph G usually 
includes multiple SAs in the transmission area. 

Following the satisfied level of QoS as well as routing 
mechanism, we plan in future to continue with our research 
with work plan as; 

- To make an analytical modeling of our proposed scheme 
using bio-inspired nature of bee communication 

- To establish an implementation for the proposed scheme 
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- Compare and evaluate the design as well as 
implementation results with some noble QoS routing 
approaches. 

V. SIMULATION EXPERIMENT 

A. simulation setup 
For the purpose of implementing and evaluating our 

proposed scheme, we intend to use the NCTUns-6.0 
simulation environment. The simulator uses the existent 
Linux TCP/UDP/IP protocols stack which provides high-
accuracy results and is able to repeat simulation results. It 
however supports 802.11a/b/p, 802.16e communication 
networks and vehicle mobility modeling. AODV is to be 
used in our simulation as the examining routing protocol and 
IEEE 802.11 DCF is used as the MAC layer protocol. The 
Simulation environment was divides into high and low traffic 
dense environment. 

Consequently, throughout the experiment, we intend to 
generate two forms of traffic that overlap different kinds of 
application running within the same node; these include the 
UDP protocol and real-time variable bit rate (rt-VBR). The 
parameters intended for the simulation setup is parented in 
table 3 below 

TABLE 3: SIMULATION PERAMETER 
Number of nodes 50, 100 

Transmission Area 500m ×500 m 
Transmission range 250 m 

Packet size 512 bytes 
Simulation time 400 seconds 

Node’s mobility speed 0-20 m/s 
MAC Specification IEEE 802.11p 
Channel bandwidth 2 Mbps 

Traffic Type rt-VBR 
Pause Time 20, 40, 80, 160, 300 

Propagation Model Two Ray Ground Model 
Examined routing protocol AODV 

Traffic rate (packets/s)  10 
Maximum delay (s) 0.1 

B. Performance Metrics 
An ultimate and effective routing protocol should have 

the ability to route data packets in VENET environment with 
less delay bound. Conversely, the processing power for agent 
based system should also be delivered with less time as 
possible.In order to both ensure the effectiveness and the 
performance of our approach, there is a need to run 
experiments subject to an evaluation framework. Hence, we 
need to take a detailed look at the above, and use it in order 
to satisfy the benchmark requirements. 

The following performance metrics were used to 
evaluate the effect of our proposed data packet differentiation 
scheme: 

Average throughput:This is the average data rate 
transfer that gives the total number of received packets at the 
destination out of total transmitted packets.  

Packet delivery ratio (PDR).This is obtained as the 
ratio of the successfully received data packets to the 
destinations to those generated by the source. 

Number of Packet Drop: Indicate the amount of data 
packets that may not arrived at destination effectively. The 
reason behind packet drop may possibly arise because of 
congestion as well as queue flooding etc. Lower packet drop 
rate shows greater protocol performance. 

Average delay: This is the average overall delay for a packet 
to travel from a source node to a destination node. This 
includes the route discovery time, the queuing delay at a 
node, the retransmission delay at the MAC layer, and the 
propagation and transfer time in the wireless channel. 

VI. CONCLUSION 
The QoS routing is considers as a difficult task which 

could be address using the concept of bio-inspired network 
routing design.Coupling with the sensitive transmission of 
the real-time safety messages VANETs environment, in this 
paper, we proposed a model that uses intelligent mobile 
agents aim to improve the efficiency of traffic and ensure 
sustainability of modern cities. An intelligent agent based 
network was proposed, that provides three (3) different forms 
of agents inspired by the concept of biological paradigm of 
communication between bees when searching for food.  

We plan in future to design and implement our proposed 
scheme in NCTUns environment and eventually to compare 
the result with noble QoS routing protocols. 
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Abstract—A designed circularly polarized (CP) antenna for 
wireless power transmission (WPT) shows its 3 dB axial ratio 
bandwidth of 180 MHz, 2390-2570 MHz, with 3.2 dBi gain. Circularly 
polarized slot antenna, balun, matching network, with the half-wave 
voltage doubling rectifier are designed for the rectenna on the 
applications of IEEE 802.11b (2.4-2.485 GHz). The gain of the 
designed CP antenna is about 2.2-3.2 dBi. The proposed rectenna 
offers a maximum voltage of 8.15 V and conversion efficiency of 80 

% is attainable. 

 

Keywords—circularly polarized, wireless power transmission, 

wide-slot antenna, balun, half-wave voltage doubling rectifier. 

I. INTRODUCTION 

HE circularly polarized (CP) antenna have been received 

much attention for the applications of the wireless 

communication systems such as wireless local area network 

(WLAN), industrial, scientific and medical (ISM), RFID, and 

Bluetooth, because they are not only able to reduce the 

multipath effects but also allow more flexible orientation for 

antennas. Microstrip patch antenna [1]-[3] and slot antenna [4]-

[7] are some of the typical types for CP antennas. Most structure 

of the circularly polarized antenna are designed as patch 

antennas. However, with the shortcoming of its narrow 

bandwidth, slot antennas have become the great interest to the 

engineering designers due to their miniaturization potential and 

relatively wide bandwidth that provide the favorable features of 

low profile, light weight, easy to fabricate and low production 

cost. 

In this paper, novel slot antenna with circular polarization is 

proposed as Fig. 1. By introducing slits in the top right and 

bottom left corner, a right hand circular polarization (LHCP) 

wave will be excited. The T-shaped stub excites a LHCP wave 

at the 2.45 GHz. In the study, the balun and matching network 

are designed to increase the RF-to-DC conversion efficiency of 

the rectenna. 

 

 Fig. 1. Geometry of the proposed antenna. 

II. RECTENNA DESIGN 

A. Antenna Design 

The geometry of the proposed slot antenna is shown in Fig. 

1. They were etched on an FR4 substrate with relative 

permittivity εr = 4.4 and loss tangent tanδ = 0.0245. The overall 

dimensions of the antenna are about 46 mm × 46 mm. The 

parameters of the antenna for simulation are L = 46 mm, W = 

46 mm, L1 = 29 mm, L2 = 24 mm, L3 = 5.5 mm, W1 = 1.5 mm, 

W2 = 0.5 mm, W3 = 0.5 mm, W4 = 0.8 mm, R= 17 mm and H = 

0.8 mm. The T-shaped slits of length L2 and L3 with W1 excite 

a LHCP wave at 2.45 GHz. 

The characteristic of the proposed antenna were calculated 

by Ansoft High Frequency Structure Simulator (HFSS) and 

measured by Agilent network analyzer. Fig. 2 shows the 

measured and simulated return loss of the proposed antenna. 

The measured results show the (10 dB return loss) input 

impedance bandwidth (LHCP) is about 270 MHz from 2260-

2530 MHz Fig. 3 shows the simulated electric field distribution 

of the proposed antenna at 2.45 GHz. It is observed that electric 

field distribution of the simulation is LHCP. The CP radiation 

of the proposed antenna is measured in an anechoic chamber. 

Fig. 4 illustrates the measured and simulated axial ratio of the 

designed antenna. The measured 3 dB axial ratio bandwidth is 

180 MHz, from 2390-2570 MHz with bandwidth of 7.25 %. Fig. 

5 shows the measured antenna gain of the proposed antenna 

about 2.2-3.2 dBi. Fig. 6 shows measured radiation patterns at 

2.45 GHz. 
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Fig. 2. Measured and simulated return loss of the proposed antenna. 

 

 
Fig. 3. Simulated surface current distribution. 

 

 
Fig. 4. Measured and simulated axial ratio of the proposed antenna. 

 

 
Fig. 5. Measured gain of the proposed antenna. 

 
Fig. 6. Measured radiation pattern of the proposed antenna. 

B. Half-Wave Voltage Doubling Rectifier  

The balun HHM1517 and Schottky barrier diode HSMS-

2862 are applied for the rectifying circuit of the study. The 

voltage doubling rectifier of the microstrip feeding network 

with LS1 = 15 mm and LS2 = 16 mm is shown in Fig. 7. The 

measured phase difference is shown in Fig. 8. 

 

  

(a) (b) 

Fig. 7. Voltage doubling rectifier of the microstrip feeding network 

(a) structure diagram (b) schematic diagram. 

 

 
Fig. 8. The balun-HHM1517 phase measurement at 2.45GHz with 

feeding network. 

 

The matching network from the antenna to a half-wave 

rectifying circuit is composed by chip capacitors (C1 = 1.2 pF, 

C2 = 0.68 pF, C3 = 1 pF, C4 = 0.56 pF, C5 = 200 pF) and chip 

inductors (L1 = 2.7 nH, L2 = 6.8 nH) as shown in Fig. 9. 
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(a) (b) 

Fig. 9. Half-wave voltage doubling rectifier (a) top view (b) bottom 

view. 

III. RECTENNA MEASUREMENTS 

The conversion efficiency of RF-to-dc of the rectenna is 

measured in an anechoic chamber. The conversion efficiency 

[8] is defined as: 

 

 η
0
=

PDC

Preceiver+Ploss
=

PDC

Pincident
 (1) 

 

Fig. 10 shows the half-wave voltage doubling rectifier. 

Evidently, peak conversion efficiency of 81% is attainable at  

15-dBm input power with 1KΩ load. 

 

 
Fig. 10. Half-wave voltage doubling rectifier RF to DC efficiency. 

IV. CONCLUSION 

A novel slot circularly polarized antenna at 2.45GHz is 

presented. The proposed LHCP antenna demonstrates an 

impedance bandwidth about 270 MHz from 2260-2530 MHz. 

The measured 3 dB axial ratio bandwidth is 180 MHz from 

2390-2570 MHz with its antenna gain of 2.2-3.2 dBi. A 

maximum voltage of 8.15 V with conversion efficiency of 81 

% of the designed rectenna are attainable. 
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Abstract—Multithreshold decoding algorithms for self-

orthogonal error-correcting codes are considered.  Recent advances 

in the field of coding and decoding of binary codes, which are used 

in various high-speed satellite channels, are presented, as well as new 

opportunities decoders of the same type for use in optical 

communications. Brief comparison of characteristics of 

multithreshold decoder and other decoders (Viterbi and turbo 

decoders, decoder for low density codes) are considered.  
 

Keywords—error-correcting codes, iterative decoding 

multithreshold decoding, optic communications. 

I. INTRODUCTION 

Currently various digital communication systems are 

applied for the exchange of information. Such systems are 

used for data transmission with wired and wireless 

communication channels, in which information can be 

distorted under the influence of various kinds of interference. 

It is unacceptable for many applications. Therefore, error-

correcting coding tools are used in any digital transmission, 

and its using reduces the proportion of uncorrected errors to an 

acceptable.  

Absolute necessity to use error-correcting coding has been 

elucidated for information channels for many decades ago. Use 

of codes reduces the need in signal power per 10 times. This is 

extremely important in many cases the use of digital radio. 

This is especially important on board the spacecraft, when the 

increase in actual physical transmitter power is technically 

impossible. Currently develops optic communication lines 
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(OCL) that provide transmission of large amounts of data at 

high speed around a hundred Gbit/s. Error-correcting coding is 

used to improve reliability of data transmission systems, the 

use of which allows to increase efficiency channel usage. The 

main requirement is to ensure for the schemes of coding and 

subsequent decoding OCL with a very high reliability (the 

probability of error of about 10-17) extremely fast decoding. 

Therefore, OCL can be applied only with the fastest decoders.  

Fastest decoders should only consist of a large number of 

the fastest microelectronic elements - large blocks of memory 

or long shift registers. They should not contain long chains of 

feedbacks, which greatly reduces the rate of advance data on 

such registers. Results in [1, 2] showed that the most suitable 

for high-speed systems according to these criteria are 

multithreshold decoders (MTD) for self-orthogonal codes [3, 

4, 5]. For MTD shown that they allow almost optimal (i.e., as 

well as then iterative exponentially complex code length 

methods) to decode even very long codes with linear 

complexity of implementation, that demonstrating good 

correction capability. 

In present paper some new important MTD properties are 

discussed. This article reviews operation principles of 

multithreshold decoders, compares their efficiency with 

efficiency of other error correction methods and presents 

possibilities of the MTD for high-speed codes, suitable for use 

in the OCL.    

II.  MULTITHRESHOLD DECODING 

Let’s describe operating principles of MTD for SOC 

decoding [3, 4, 5]. For implementation of operation of 

encoding SOC it is possible to use the elementary diagrams 

constructed on the basis of shift registers. The example of the 

diagram of the coder block SOC, set by an ancestor 

polynomial g(x) = 1+x +x4 + x6, is shown in a Fig.1. This 

code is characterized by parameters of code length, length of 

information sequence, code speed and the minimum code 

distance of n=26, k=13, R=1/2, d=5, respectively. The similar 

diagram is used for encoding convolution SOC.  

Let’s describe the principles of operation of the encoder on 

the example provided by scheme. Сheck bits generates in the 

encoder during operation in accordance with the following 

algorithm: 

1. Before starting to encode code block key K is in state 1. 
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2. Information vector u = (u0, u1, …, u12) applied one 

character input shift register. As a result, information symbol 

u0 is located in cell 12, u1 - the cell 11, etc. 

3. Key K is transferred to state 2. 

4. For j from 0 to 12 to perform cyclic shift register, and 

then calculates the j-th checking bit  vj: 





4

1
13mod)(

k
gjj k

uv  .    (1) 

 

As a result of the algorithm generated a checking vector v = 

(v0, v1, ..., v12), which, together with an information vector 

defines the code word c = (u, v), which is transmitted through 

the channel. 

Let’s describe the principle multithreshold decoding of 

SOK. In a situation, where the decoder after transmission of a 

binary symmetric channel (BSC) rather than a distorted 

codeword noises message y = (u', v') of length n. First 

calculated syndrome s = Hy (here H - check matrix code) of 

the received message, and for each information symbol uj, 

1jk, stands set {sp} syndrome elements with numbers {p}, 

called checks relative to the character uj and containing error ej 

in this symbol. 

First, as in the usual threshold decoder is calculated 

syndrome s = Hy (here H - check matrix CSOC) of the 

received message, and each information symbol uj, 1 ≤ j ≤ k, 

find the set of elements {sp} syndrome with numbers {p} 

called checks against symbol uj and containing, as an error 

term ej in this symbol. 

In addition to the threshold decoder in MTD injected binary 

vector d of length k, called the difference, initially filled with 

zeros. The basic step is to decode that for arbitrarily chosen 

symbol uj computed likelihood function Lj, independent of its 

related inspections and j-th element of vector d: 

 

j

p

pj dSL
j

 


        (2) 

where dj - a symbol of the difference vector, related to 

decoded symbol uj (0 or 1); Sp - p-th element of the syndrome 

vector, which is part of a number of checks regarding decoded 

symbol uj; j - a set of of numbers of checks, controlling the j-

th information symbol. 

The example of MTD implementation for encoder from Fig. 

1 is given in Fig. 2. 

 

 

 MTD can be easily modified as the normal threshold 

decoder for adding checks in (2) with certain coefficients. 

Output bits define reliability for the decision made when 

dealing with multiple levels quantized soft modem solutions. 

Using of soft decisions of the demodulator can achieve 1.4 ... 

1.7 dB better results than using hard decisions of the 

demodulator. The expression (2) to calculate the likelihood 

function takes the form Lj  
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where {wp}– factors reflecting the reliability checks {sp}; wj – 

factor reflecting the reliability of the received symbol uj. 

Logarithm of the likelihood ratio can be used as the grade 

received from the channel symbols 
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where rj – symbol received from the channel corresponding to 

the transmitted information symbols uj. Values wj. can be 

quantized into several levels to simplify the calculations.  
 

III.  EFFICIENCY OF THE MULTITHRESHOLD DECODER 

Let’s compare characteristics of MTD and other non-binary 

error correction methods in channels the additive white 

gaussian noise (AWGN) and a binary phase modulation (FM2) 

for the binary codes with a code rate R = 1/2. Theoretically, 

decoder can work with these parameters channel and codes 

when the signal/noise ratio equal of 0.2 dB (curve “C = ½” in 

Fig. 3).  

Convolutional codes have found most widespread practical 

use in actual communication systems. Viterbi algorithm [6] 

and various concatenated codes is often used to decode them. 

 

 
Fig. 1 Encoder block SOC with R = 1/2, d = 5 and n = 26 

 
 

Fig. 2 Multithreshold decoder for SOC  
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These methods emerged and developed in the 70s - 80s of the 

last century. Turbo [7, 8] and low density codes [9] are 

actively developed in recent times by foreign experts, the 

effectiveness of which is very high. For example, methods for 

decoding turbo codes recommended standard CDMA2000, 

provide characteristics represented by a curve «3) TCC 

CDMA2000(n=3600)».  

Small probability of error decoding can be achieved by low-

density codes of length a million bits when working less than 

0.1 dB capacity a Gaussian channel (LDPC(n=1000000)). 

Efficiency of decoders low density codes of shorter length is 

shown in Figure by curved lines «5) 802.16е LDPC(n=2304)» 

and «6) DVB-S2 LDPC(n=64800)». Unfortunately, all of these 

methods when working in a big noise still have a very large 

implementation complexity, making it difficult to practical use 

in high-speed data transmission and storage. Efficiency of 

MTD is presented for code with length of 20,000 bits, a code 

distance d = 9 and code rate R = 1/2 in Fig. 3 «Curve 7) MTD 

(n = 20000, d = 9)». MTD perform only a quick simple 

addition and comparison of integers, which makes them very 

attractive for use in existing and newly developed high-speed 

digital data transmission systems. 

Developers are constantly looking for ways to increase its 

efficiency, despite the good correction capability provided by 

the original MTD algorithm.  

One way to approach the area of effective MTD work up 

your bandwidth is code selection, the least prone to error 

propagation (EP) decoding [3, 4, 5]. This property is reflected 

in the fact that after the decoder at work makes a mistake, the 

error probability in the following symbols increases 

significantly. In [3, 4, 5] proposed an approach to assess the 

susceptibility of code and build EP codes with minimum EP. 

Сodes are necessary to obtain the best performance, in which 

there are multiple branches of information and verification. 

Example encoder such code is shown in Fig. 4 containing two 

information and two checking branches.  

When using code such a structure can achieve significant 

reduction in the breeding of errors by reducing the number of 

common errors involved in decoding the various bits of 

information [3, 4, 5].  

 

When using code such a structure can achieve significant 

reduction in the breeding of errors by reducing the number of 

common errors involved in decoding the various bits of 

information [3, 4, 5]. In [10], the authors show that only by a 

proper choice of code and optimization of its structure without 

complicating decoding scheme can get additional energy gain 

of the order of 1 .. 1.5 dB. 

The next area is the work under these extremely efficient 

and extremely simple algorithms associated with the 

development of concatenated coding schemes. Cascading 

should only be with very simple codes to the overall 

complexity of the scheme has not increased. Focuses on this 

approach concatenated codes used in the MTD, with parity 

codes, Hamming codes and short self-orthogonal codes [11]. 

Analytical calculations and computer simulation results show, 

that application of such schemes allows you to bring the 

effective area of MTD bandwidth channel 1 .. 2 dB and reduce 

the probability of error decoding for 2 .. 5 orders of magnitude 

without a significant complication of the decoding scheme. 

This scheme allows to provide efficacy comparable with the 

efficiency of the best methods of error correction. The 

complexity of the cascade scheme decoder is very small. As a 

result of this concatenated MTD easy to implement as a 

conventional MTD decoder for speeds of 500 Mbit / s or even 

higher. 

Additional improvement in decoding performance self-

orthogonal codes possible with non-significant complication 

decoding algorithm [12]. Features presented one such decoder 

in Fig. 3 with curve "9) MPDnew". It illustrates the very high 

energy efficiency of the proposed algorithm at a distance of 

only 1.1 dB of channel capacity. The absolute majority of 

other error correction algorithms are in such high noise 

extremely difficult. Provided characteristics comparable or 

even better than many well-known characteristics of turbo 

decoders and LDPC codes. 

The analysis of implementation complexity shown that 

MTD performs decoding ten, fifty or more times fewer 

operations than other comparable methods of error correction 

efficiency [3, 4, 5]. MTD algorithm can be recognized as one 

of the main methods of error correction for most of today's 

high-speed data transmission systems with the maximum 

possible energy levels and win speed reaches several Gb/s. 

 
Fig. 3 Performance of error-correcting codes with R = 1/2 over 

AWGN channel and FM2 

 

 
Fig. 4 Encoder block SOC with two information and two checking 

branches 
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MTD is possible for full parallelization of operations in its 

hardware implementation [13]. 

One of the latest implementations of the MTD was 

developed in IKI on the base of FPGA (Altera Stratix 

EP1S20) [13]. This project has shown that we can always get 

good energy characteristics of coding at a high level of noise 

on the data rate in excess of 1 Gbit/s at extremely low 

hardware complexity. This is extremely valuable for remote 

sensing (RS) and for all new systems of micro-and nano-

satellites. Example characteristics provided by this FPGA is 

shown in Fig. 3 with curve 10.  

The major advantage offered by MTD algorithms along with 

high efficiency is the possibility of extremely high 

performance hardware implementation. Since these algorithms 

allow their full parallelization, it allows decoding MTD in rate 

that matches the speed of shift registers (for the high-speed 

circuit design elements!) in the selected element base. 

Currently no known other types of algorithms that would at 

least partially possessed similar properties. These features high 

speed MTD work you can always save at virtually any 

modifications and improvements MTD methods known to 

date.  

MTD methods are truly unique algorithms capable of 

providing efficient decoding at high noise level. They perform 

a very small number of transactions and the highest levels of 

reliability of storing digital information and its processing 

speed in very large-scale databases, optical disks, etc. In all 

these cases very limited resources are used, such as simple 

microprocessors or the cheapest FPGA, which determines the 

ease and efficiency of the new methods of error-correcting the 

coding. 

 

IV. MTD APPLICATION TO IMPROVE THE RELIABILITY OF DATA 

TRANSMISSION IN THE OCL 

Let’s consider the possibilities MTD used in conjunction 

with high-speed codes, for example, suitable for applying in 

the OCL. Fig. 5 shows the characteristics of various MTD for 

convolutional codes with a code rate R = 4/5 in a Gaussian 

channel. Curve 1J shows the possibilities of the use of fairly 

complex MTD decoder of Japanese specialists [1,2]. These 

schemes present the feedback data transfer, markedly reducing 

speed of the circuit that these networks would be more high 

speed. Curve 2Dec given for MTD decoder using code, the 

lower bound optimum decoding which corresponds to the 

curve 2Opt. 

 

Simulation results shown that increasing of the ratio Eb/N0 

signal/noise values we seen decrease of error probability Pb 

(e) for MTD with such codes. MTD characteristics reached a 

level of optimum decoder at Eb/N0=3,7 dB or less. The results 

of these experiments suggest that the code with MTD will 

reach the optimum decoder level. It is determined by the lower 

boundary 2Opt with a noise level of 3.7 dB. Achieving a level 

of optimum decoding can be taken for granted, at least when 

Eb/N0=3,8 dB.  

The curve 3Dec corresponds to the option MTD application 

when not required to achieve conventional coding methods 

noncascade very small error probability at the output of the 

decoding apparatus. Curves 2Dec and 3Dec match MTD work 

at significantly greater level of noise than the decoder, the 

characteristics of which are given in the curve 1J. MTD 

represented by curve 3Dec, requires about 0.5 million code 

symbols delay decision in 25 iterations of decoding 

convolutional code.  

It is understood that the ability to operate at high noise level 

allows the use of all the algorithms with different 

modifications in MTD and various types of circuits cascaded. 

All results of the three options MTD shown in Fig. 5, in the 

case of cascade schemes error correction will be, of course, 

improved. However, even when the characteristics of the 

second code are initially noncascade better than in 

concatenated coding schemes obtained in [2, 14]. 

Improvement of parameters third code will be particularly 

noticeable at staging because it operates at a higher noise level 

than the two previous. But when cascading all types always 

have to take additional measures in order to not greatly reduce 

the processing speed, as this violates the principle of instant 

correction of errors in the MTD as it moves through shift 

registers decoder. 

V. CONCLUSIONS 

It is shown that a fundamentally new level of performance 

and processing speed compared with absolutely all known 

methods of error correction can be achieved by using different 

types of MTD algorithms. MTD algorithms allow us to solve 

the problem to ensure high reliability of data transmission 

without any additional modification of these algorithms. Their 

use is equally simple and effective at the hardware and 

software implementation. 

Great deal of additional information on multithreshold 

decoders can be found on websites [14]. 
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Fig. 5 Efficiency MTD for codes with a code rate R = 4/5 over 

Gaussian channel  
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Abstract—In this paper, we propose a new decoding algorithm 

based on maximum likelihood (ML) decoding of run-length limited 

(RLL) codes with on-off keying (OOK) modulation and 

Reed-Solomon (RS) codes in visible light communication (VLC) 

systems. Conventional RLL codes in VLC systems are used for 50% 

dimming and hard decision of RLL decoder is considered. However, in 

the receiver of our model, the RLL decoder based on ML decoding 

makes better estimation for channel decoder. Simulation results show 

that our proposed method get signal-to-noise ratio (SNR) gain in bit 

error rate (BER) compared with one of RLL hard decoding. 

 

Keywords—on-off keying (OOK), Reed-Solomon (RS) codes, 

run-length limited (RLL) codes, visible light communication (VLC).  

I. INTRODUCTION 

ITH the explosive demanding of bandwidth, the scarcity 

of spectrum leads visible light communication (VLC) to 

be attractive in people’s view during recent years. VLC using 

visible light spectrum from 380 to 780 nm can provide both 

illumination lighting and communication functions together 

base on light emitting diodes (LEDs) technique. LEDs enhance 

energy efficiency under the fast nanosecond switching time. To 

invigorate the VLC industry, VLC standard is recently 

published by IEEE standard association [1]. In VLC standards, 

Reed-Solomon (RS) codes are also widely used as forward error 

correction (FEC) codes because of robust ability to correct burst 

errors [2]. Run-length limited (RLL) codes are also important 

since they guarantee the DC balance with equal 1s and 0s, such 

as Manchester, 4B6B and 8B10B codes in VLC standard. For 

the hardware constraint for practical usage, on-off keying 

(OOK) as a simple modulation is considered because of just 

sending binary data by on/off pulses in VLC [3]. 

Recent years, many researchers have been developing the 

efficient FEC for VLC [4]-[6]. A novel FEC coding scheme was 

proposed for VLC base on the Reed-Muller (RM) codes and 

OOK, and it provided more coding gain than VLC scheme with 

the conventional FEC codes [4]. A bent function is considered in 

VLC based on RM codes and an OOK modulation, which 

increases performance with accurate dimming target value [5]. 

Furthermore, RS codes with RLL codes and FSK modulation is 

proposed in [6], and it presented the spectral analysis of RLL 

codes. Even though these research [4]-[6] have been done, the 
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bit error rate (BER) performance of RLL codes and RS codes in 

VLC is rarely considered. Therefore RLL codes which are used 

for guaranteeing DC balance and dimming 50% are considered, 

and BER performances are also shown. 

In this paper, we propose an enhanced decoding based on 

maximum likelihood (ML) methods of RLL codes with OOK 

modulation and RS codes in VLC system. In our model, the 

receiver have a new architecture, RLL decoders make better 

outputs based on ML rule which takes advantage of soft value of 

VLC channel. Simulation results show that our proposed 

method get better BER performance compared with one of RLL 

hard decoding.  

II. SYSTEM MODEL 

A. Proposed VLC system description 

The block diagram of the proposed scheme is shown in Fig. 1. 

In Fig. 1 (a), the transmitter of the proposed system is shown, 

and each components of the transmitter are already defined in 

the VLC standard [1]. The ‘message’ in the transmitter denotes 

binary m-bit message corresponding to input of the VLC system. 

Then (n, k) RS codes over GF(2
l
) in [2] are considered, where kl 

is equal to m. The output of RS encoder is nl-bit codeword. Next, 

in RLL encoder, RLL codes such as 4B6B codes or 8B10B 

codes [1] are inserted for balancing the total number of 0s and 

1s in codeword to keep dimming 50%. Next, the LED emits 

OOK-modulated signal with the light signal x(t), which has the 

average optical power expressed as 

                                    
0

1 T

tP x t dt
T

                                 (1) 

where T denotes light signal duration. 
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Fig. 1. Block diagram of the transmitter and the receiver of the 

proposed VLC system 
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After passing through the VLC channel h(t), the photodiode 

(PD) receives light in Fig. 1(b). Then, the received signal r(t) is 

given as [7] 

                              ( ) ( ) ( ) ( )r t R x t h t n t                            (2) 

where "  " denotes convolution; R is the PD conversion 

efficiency (A/W); and n(t) is additive white Gaussian noise 

(AWGN) which contains the shot and thermal noise. Since an 

OOK modulation is used for data transmission, according to [8] 

the received signal-to-noise ratio SNR (SNRrx) is expressed as  

 
 

2

rx 22 2
SNR

rSignal

shot thermal rISI

R P

R P 




  

,               (3) 

where the desired signal power is  

                                 
0

T

rSignalP x t h t dt                           (4) 

and the received power  affected by inter-symbol interference is  

                                  rISI
T

P x t h t dt


  .                           (5) 

A shot noise variance is expressed  

                    2

22 2shot rSignal rISI bgq P P B qI I B                  (6) 

where q is the electronic charge, B is equivalent noise 

bandwidth, and Ibg and I2 are background current and the noise 

bandwidth factor, respectively [8]. In addition, the thermal 

noise variance is also expressed as  

               
2

2 2 2 2 3

2 3

8 16k k

thermal

m

kT kT
AI B A I B

G g

 
  


         (7) 

where the first two terms represent feedback-resistor noise and 

field-effect-transistor (FET) channel noise, respectively. K is 

Boltzmann’s constant, Tk is absolute temperature, G is the 

open-loop voltage gain, η is the fixed capacitance of PD/unit 

area,   is the FET channel noise factor, gm is the FET 

transconductance, and I3 is the noise bandwidth factor [8]. 

In Fig. 1 (b), r(t) is the input of OOK-demodulator, then 

OOK-demodulated signal y is the input of RLL decoder, our 

proposed method based on ML decoding is designed to make 

output z from the signal y and the decoding rules are explained 

in next subsection. Conventional Berlekamp-Massey (BM) 

decoding algorithm [2] is considered in the RS decoder in Fig. 1 

(b) to decode z. After decoding of RS codes, decision of 

message is done. 

Our paper focuses on ML decoding of RLL codes, and a 

detailed description of our algorithm is then given as follow. 

B. ML decoding of  RLL codes  

In the VLC standards [1], three RLL codes are considered, 

which are Manchester codes, 4B6B codes, and 8B10B codes. 

To explain the decoding of 4B6B codes and 8B10 codes, 

mapping relations between input and output of RLL codes need 

to be discussed. The mapping rules of 4B6B codes are listed in 

Table 1 [1]. The left column ‘4-bit’ and the right column ‘6-bit’ 

denote the 4-bit input and 6bit output of RLL encoder, 

respectively. The weight of 4B6B codeword is 3 and maximum 

run of 0s or 1s is 4. 8B10B codes are compose of 5B6B codes 

and 3B4B codes, where corresponding tables are Table II and 

Table III, respectively.  ‘RD’ in Table II and Table III denotes 

running disparity. Since the number of 0’s and the number of 1’s 

in 5B6B codewords and 3B4B codewords are different, RD- 

codewords and RD+ codewords are used to keep number of 0s 

and 1s, equally to maintain DC balance. 
 

TABLE I 

MAPPING’S RELATION BETWEEN A 4-BIT SYMBOL AND A 

6-BIT SYMBOL. 

4-bit  6-bit  

0000 001110 

0001 001101 

0010 010011 

0011 010110 

0100 010101 

0101 100011 

0110 100110 

0111 100101 

1000 011001 

1001 011010 

1010 011100 

1011 110001 

1100 110010 

1101 101001 

1110 101010 

1111 101100 

 

TABLE II 

MAPPING’S RELATION BETWEEN A 5-BIT SYMBOL AND A 

6-BIT SYMBOL. 

5-bit 6-bit  

RD - 

6-bit 

RD+ 

 5-bit 6-bit  

RD - 

6-bit  

RD + 

00000 100111 011000 10000 011011 100100 

00001 011101 100010 10001 100011 

00010 101101 010010 10010 010011 

00011 110001 10011 110010 

00100 110101 001010 10100 001011 

00101 101001 10101 101010 

00110 011001 10110 011010 

00111 111000 000111 10111 111010 000101 

01000 111001 000110 11000 110011 001100 

01001 100101 11001 100110 

01010 010101 11010 010110 

01011 110100 11011 110110 001001 

01100 001101 11100 001110 

01101 101100 11101 101110 010001 

01110 011100 11110 011110 100001 

01111 010111 101000 11111 101011 010100 

 

TABLE III 

MAPPING’S RELATION BETWEEN A 3-BIT SYMBOL AND A 

4-BIT SYMBOL. 

3-bit  

 

4-bit  

RD - 

4-bit  

RD + 

 3-bit  

 

4-bit  

RD - 

4-bit  

RD + 

000 1011 0100 100 1101 0010 

001 1001 101 1010 

010 0101 110 0110 

011 1100 0011 111 1110 0001 

 

To express 4B6B codes or 8B10B simultaneously, (c,o) is 

defined instead of (4,6) or (8,10). The input of OOK 
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demodulator can be presented as vector r=(r1, r2, r3,…, ri,…, rn), 

where ri=(ri,1, ri,2,… ,  ri,o) is the i-th symbol and n is the code 

length of RS codes. Similarly, the input of RLL decoder is 

defined as y=(y1, y2, y3,…, yi,…, yn), where yi=(yi,1, yi,2,… ,  yi,o). 

The output of RLL decoder is defined as z=(z1, z2, z3,…, zi,…, 

zn). The RLL decoder decodes y by processing (o-bit symbol) yi 

and corresponding (c-bit symbol) zi from i= 1 to n, separately. 

The block diagram about input and output of RLL decoder is 

shown in Fig. 2. 

 

RLL

decoder

zi,1

zi,2

zi,c

yi,1

yi,2

yi,3

yi,o

.

.

.

.

.

.

o-bit 

input
c-bit 

output

 
 

Fig. 2.  RLL decoder process one symbol with o-bit input and c-bit output. 

 

ML decoding rule of RLL codes is composed of 6 steps and is 

shown in Fig. 3. For n symbols, channel values are used for soft 

input in RLL decoder. The detail explanation about ML 

decoding step is described as follows. 

 

Proposed decoding algorithm of RLL decoder: 

Step1)    Initialization: set i=1  

Step2)    Obtain every bit (of yi) probability which is defined as:       

                            ,

1
1

1 10
i j LLR

p y  


                      (8) 

where LLR (Log likelihood) with OOK demodulation  

is presented as  

                 
 
 

, ,

2

,

0 2 1
log

21

i j i j

i j

p y r
LLR

p y 

  
 


          (9)     

Step3)    The symbol probability is defined as 

                               ,1

o

i i jj
p p y


y                        (10) 

we obtain 2
c
  probabilities  corresponding to o-bit 

symbols.  

Step4)    Mapping: set p(zi)= p(yi) according to Table I or Table 

II and Table III, corresponded c-bit symbols have 

same probabilities to o-bit symbols.   

Step5)    Maximum likelihood (ML): output zi= argmax p(zi).   

Step6)    If i<n, set i←i+1, then go to step for another symbol. 

Else (i=n), stop.          

i=1

obtain p(yi,j=1)

calculate p(yi)

Step1)

Step2)

Step3)

Step4)

mapping

Step5)

ML 

 zi=max p(zi)

i<n

i←i+1

YES

stopNO

Step6)

 
Fig. 3.  ML decoding process of RLL codes. 

 

 

III. SIMULATION RESULTS 

Two cases are considered, which are 4B6B RLL codes with 

RS (15,3) and RS (15,11) codes, and 8B10B RLL codes with 

RS (64,32) codes, since the RS codes with the lowest rate and 

the highest rate over GF(2
4
) in VLC standard [1] are RS (15,3) 

and RS (15,11) codes, respectively, and  RS (64,32) codes are 

defined over GF(2
8
) in VLC standard [1]. 

Performance of the proposed ML decoding of RLL decoder 

is also compared with one of the referred RLL decoder with 

hard decoding. Eb/N0 is used for SNR, where Eb is bit energy 

and N0 is noise energy. This SNR is same with one in [4] and [5]. 

The simulation resultes are shown in Fig. 4, Fig. 5, Fig. 6, and 

Table IV. 
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Fig. 4. BER performances of the RS (15,3) codes over GF(24) with 4B6B RLL 

codes and OOK modulation 
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Fig. 5. BER performances of the RS (15,11) codes over GF(24) with 4B6B RLL 

codes and OOK modulation 
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Fig. 6. BER performances of the RS (64,32) codes over GF(28) with 8B10B 

RLL codes and OOK modulation. 

   
TABLE IV 

THE Eb/N0 (dB) OF PROPOSED RLL CODES AND REFERRED RLL 

CODES AT BER=10-5  

 
RLL 

referred 

RLL 

proposed 
gap 

RS (15,3) 15.10 12.77 2.33 

RS (15,11) 12.61 9.97 2.64 

RS (64,32) 11.12 10.68 0.44 

 

From Fig. 4, Fig. 5, and Fig. 6, the BER performances of the 

proposed scheme are better than ones of the RLL with hard 

decoding. For 4B6B RLL codes, the BER performances of 

high-rate RS codes are better than one with low-rate RS codes. 

To investigate the performance enhancement at BER=10
-5

, the 

required SNR and performance gain are shown in Table IV.  
 

IV. CONCLUSION 

ML decoding of RLL codes with an OOK modulation and RS 

codes in VLC has been proposed in this paper. As the new 

receiver architecture, the proposed RLL decoder makes better 

output based on ML rule which making use of soft value from a 

VLC channel. From simulation results, the proposed ML 

decoding of RLL codes shows better performance than 

conventional RLL codes. This decoder can be applied to VLC 

systems which required more reliable transmission without 

changes of VLC transmitter. 
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Abstract— This paper analyzes the Non-Ionizing Radiations at 
Prosperina campus of Escuela Superior Politécnica del Litoral 
(ESPOL), located in Guayaquil, Ecuador. Several measurements 
were made in the installed base stations of the two operators on 
campus, where we applied an improved version of the 
measurement procedure defined by CONATEL (Ecuadorian 
National Council of Telecommunications), which is based on the 
International Telecommunications Union (ITU) norms. The 
CONATEL procedure was combined with the one recommended 
by CENELEC (Comité Européen de Normalisation 
Electrotechnique). In addition, it was also investigated the 
simultaneous exposure to multiple sources in the closest point to 
the highest geographic location around Campus, the hill Cerro 
Azul, since it concentrates the greatest amount of radiating 
sources from different communication systems. Finally, a Lee 
Model was suggested to simulate the Non-Ionizing Radiations in 
the vicinity of a cellular base station. 
 

Keywords— Non-Ionizing Radiations, ITU Recommendations, 
CENELEC Recommendations, Multiple Sources Effect, Lee 
Model.  
 
 

I. INTRODUCTION 
he regulation for the Emission Protections of Non-
Ionizing Radiations (NIR) generated by frequency use of 

radio spectrum, dictated by the Ecuadorian telecom regulator 
CONATEL, is based on the recommendations made by ITU 
[1]. However, it does not appropriately consider the spatial 
diversity of wireless propagation, since different values of 
power spectral density or electric field could be obtained from 
measurements made at different heights in the same 
geographic location.  On the other hand, the CENELEC 
procedure for NIR exposure measurements recommends 
taking the highest value of three measurements made at three 
different heights in the same location [2]. For this reason, we 
are proposing an improvement to the CONATEL procedure by 
adding a new factor to the 12-points measurement assessed 
around the cellular base stations, which consists in measuring 
at three different heights in order to obtain a more precise 
evaluation of the electric field values in the vicinity of the 
antennas. 
 

 

 
The measurements obtained from simultaneous exposure to 

multiple radiating sources at the campus closest point to the 
hill Cerro Azul were also analyzed. The hill Cerro Azul 
concentrates the greatest amount of radiating sources in 
Guayaquil, including broadcasting, dispatching, and point to 
point services, among others. As a result of this analysis, it 
was assessed the aggregated contribution of different 
broadcasting and cellular electromagnetic radiating sources. 
The broadcasting services considered in this investigation 
include several FM radio and TV stations, and the cellular 
services analyzed in this study include only the base stations 
operating in the 850 MHz band. 

 
The set of results obtained by the measurements performed 

in this investigation were compared with the International 
Commission on Non-Ionizing Radiation Protection (ICNIRP) 
Levels of Reference, in order to verify their compliance with 
this international standard. 

 

II. EVALUATION AND MEASUREMENT PROCEDURE 

A. Combination of CONATEL and CENELEC 
Measurement Procedures 
The EN50400 Recommendation of CENELEC establishes a 

base station measurement procedure that considers the use of 
three heights at the measurement points around the cellular 
antennas, which are defined at 110cm, 150cm and 170cm 
above the floor. Once the measurements of the electric field at 
these three different heights are performed, the maximum is 
chosen as the final value [3]. This study proposes a new 
procedure that combines the measurement procedure dictated 
by CONATEL with the one recommended by CENELEC. The 
CONATEL procedure based on the ITU recommendations 
considers twelve different geo-referenced measurement points 
located at the far field region, where each point is separated by 
thirty degrees with respect to its closest ones. The twelve 
measurement points are defined in the sites with public access 
closest to the base station. Therefore, the new proposed 
procedure that is used in our analysis considers the same  
twelve points around the base stations as defined by 
CONATEL, and the three different heights at each 
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measurement point as defained by CENELEC [3, 4] 
The spectrum analyzer used for the measurements campaign 

was the NARDA SRM-3000 and the exact locations of the 
measurement points corresponding to the two main cellular 
operators on campus, operator A and operator B, are shown in 
Figures 1 and 2. 
 

 
          

               

 

 

B. Multiple Sources 
The ITU-T K.52 Recommendation regarding simultaneous 

exposure to multiple sources verifies the compliance with the 
International Commission on Non-Ionizing Protection 
(ICNIRP) limits. This procedure combines the individual 
contributions of several communication systems operating at 
different frequencies. The measurement point for this analysis 
was defined as the site on the ESPOL campus closest to the 
hill Cerro Azul, which concentrates the highest number of 
radiating electromagnetic antennas in the City of Guayaquil, 
Ecuador. This point was located inside the soccer stadium of 
the university.  

III.  MEASUREMENTS ANALYSIS 
It is observed in Table I that the maximum values of electric 

field for both bands of frequencies (860MHz-880MHz and 
890MHz-891.5MHz) used by the cellular operator A,  not 
always happen at 1.5m, which is the height where 
measurements are realized in Ecuador, according to 
CONATEL’s procedure. For instance, in the first band at Point 
1 the maximum value occurs at 1.1m, while in Point 2 is at 
1.7m; and for the second band at Point 1 the maximum value 
occurs at 1.1m while at Point 2 is at 1.5m. 

 
In order to perform this analysis, it was established a 

percentage ratio between the measured electric field and the 

ICNIRP reference limits for public exposure to electric and 
magnetic fields. The reference limits of electric field intensity 
for both bands of frequencies for this cellular operator are 
defined as follows [3]: 

 
1. 860MHz-880MHz: 40.79 V/m 
2. 890MHz-891.5MHz: 41.05 V/m 

 
As shown in Table I, the maximum ratio in the 860MHz-

880MHz band is 5.1630%, and in the 890MHz-891.5MHz 
band is 1.3101%. These ratios correspond to measurements 
realized at 1.1m of height at Point 1. 

 

 
 
It is observed in Table II that the maximum values of 

electric field for both bands of frequencies (880MHz-890Mhz 
and 891.5MHz-894Mhz) used by cellular operator B not 
always happen at 1.5 m, which is similar to the operator’s A 
case. It is important to note that the measurements were not 
made from Point 6 to Point 10, because these sites were not 
accessible by the measurement crew. The reference limits of 
electric field intensity for both bands of frequencies for this 
cellular operator are defined as follows [3]: 
 

1. 880MHz-890MHz: 41.02 V/m 
2. 891.5MHz-894MHz: 41.11 V/m 

 
As also shown in Table II, the maximum ratio between the 

measured electric field and the corresponding ICNIRP limit in 
the 880MHz-890MHz band, is 1.9910%, and in the 
891.5MHz-894MHz band is 0.1051%. These ratios correspond 

TABLE I 
RESULTS FOR 12 POINTS AROUND OPERATOR A ANTENNA 

 

 
       Fig. 1.  Operator A base station 

 
        Fig. 2. Operator B base station 
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to measurements realized at 1.1 m of height at Point 11 and at 
1.5 m of height at Point 3, respectively.  

 

 
 
The measurements at three different heights, as suggested 

by the CENELEC norm, proved to be an important 
consideration to take into account in any NIR measurement 
campaign [2]. In fact, it was observed in Point 11 of Table II 
that values of electric field around the cellular antennas, 
measured at 1.1 m of height, could be twenty times higher 
than the values obtained at 1.5 m of height, which is the height 
recommended by the CONATEL and ITU norms.     

 

IV. MULTIPLE SOURCES EFFECT 
The ITU-T K.52 Recommendation regarding the analysis of 

the combined effect of multiple electromagnetic radiating 
sources establishes the compliance of the following expression 
in order to guarantee that the combined effect is below the 
recommended exposure limits [1]: 
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where:  
 
Ei: is the electric field intensity at i frequency, 
El, i: is the reference limit at i frequency, 
c = 610/f  V/m (f in MHz) for occupational exposure and 
87/f1/2  V/m for public exposure in general. 
 

The application of this expression using the results from the 
NIR measurements at the closest point to the hill Cerro Azul, 
inside the ESPOL campus, leads to the following relationship, 
which corresponds to the aggregated contribution of the FM, 
TV broadcasting, and 850 MHz cellular bands: 
 

,1007513.0 ≤  
 

This relation indicates that the overall exposure rate is more 
than one hundred times lower than the maximum aggregated 
exposition limit allowed by ICNIRP. 

Finally, the NIR exposure generated by each type of 
communication system, which includes FM, TV broadcasting, 
and cellular systems, was analyzed individually for each 
system frequency band. The percentage ratio between the 
measured electric field and its corresponding ICNIRP 
reference limit was also calculated, with the following results: 

 

FM:          0.0094% 

TV BROADCASTING:  4.1228% 

CELLULAR:      3.0985% 

 

These results indicate that the TV broadcasting systems 
produce the highest level of Non Ionizing Radiation exposure 
at the closest point to the hill Cerro Azul, in the ESPOL 
campus. This result is contrary to the conventional belief that 
cellular systems are generating the highest level of NIR in 
urban settings. In fact, it was found in this university campus, 
that the NIR exposure of TV broadcasting systems is twenty 
five percent higher with respect to its corresponding ICNIRP 
limit, than cellular systems. 

V. NIR MATHEMATICAL MODELING IN UNIVERSITY CAMPUS 
ENVIRONMENT 

Several mathematical models have been used to assess NIR 
in the vicinity of electromagnetic radiating sources [6]. On the 
other hand, several propagation models have been developed 
to characterize the propagation of the wireless channel for 
different telecommunication systems [7, 8, 9, 10]. However, 
none of these models take into account the specific 
propagation loss introduced by the particular distribution of 
buildings around the transmitters, nor have been applied to a 
university campus environment. The Lee propagation model 
takes into account the propagation fading introduced by the 
obstruction of buildings in the surroundings of a radiating 
source like a base station. This type of environment is 
typically found during a NIR measurement campaign. The Lee 
propagation model equation is the following: 

 
)(),()( 1 BLhdLPAP bAl o str −−=  

 
 Where Pr(A) is received power at a random A point within 

the coverage area, Pt is the antenna's effective transmission 
power, Llos(dA) is line of sight loss at dA distance from the 
source. The last parameter is Lb that represents any loss 
mainly associated to buildings obstruction along the 
propagation path and it normally depends on the buildings 
obstruction distance denoted as B [5]. 

 

TABLE II 
RESULTS FOR 12 POINTS AROUND OPERATOR B ANTENNA 
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We have successfully applied and validated this model to 
estimate the signal power of a cellular GSM channel at 
different locations inside a campus environment using the 
levels of power spectral density of the signal, which is a 
typical NIR exposure measure [1]. Table III shows the 
comparison between the received power based on NIR 
measurements and the estimated received power using a Lee 
Model at ESPOL campus. The model average error is 0.40%, 
which is a reasonable value. For this reason, we can establish 
that the Lee model could be successfully applied to estimate 
cellular NIR exposure inside a university campus 
environment, when the transmission power of the radiating 
antenna and the distribution of buildings around it are known. 
Future work should show the validity of this model to estimate 
the NIR exposure of other telecom systems besides the cellular 
case described in this investigation.  

 
TABLE III 

GSM CHANNEL POWER ESTIMATION USING A LEE MODEL AND NIR 
MEASUREMENTS 

 

P1 76 5,85E-07 -52,57 -49,44
P2 105 2,24E-08 -66,74 -53,48
P3 142 1,45E-07 -58,64 -60,47
P4 191 1,58E-08 -68,26 -65,02
P5 215 1,27E-07 -59,23 -69,73

Measured           
Pr (dBm)

Modeled              
Pr (dBm)

Point
Distance 
(meters)

Measured Power 
Spectral Density  

[W/m2]

 

VI. CONCLUSIONS 
The CENELEC recommendation to measure at 1.1 m and 

1.7 m of height besides the height of 1.5 m, as recommended 
by the CONATEL and ITU norm, proved to be an important 
consideration to take into account in any measurement 
campaign, since these two new measured values of Non 
Ionizing Radiation exposure could be twenty times larger than 
the value taken at 1.5 m of height.  
 

It was observed that all the measured values of average 
electric field comply with ICNIRP reference limits, since the 
maximum ratio between the measured electric field and its 
corresponding limit was 5.1630%. In addition, the multiple 
source exposure in the ESPOL campus was more than one 
hundred times lower than the maximum aggregated exposition 
limit allowed by ICNIRP. 

The TV broadcasting systems produce the highest level of 
Non Ionizing Radiation exposure in the university campus. It 
was found that the NIR exposure of TV broadcasting systems 
could be twenty five percent higher than the cellular system’s 
case. This result is opposed to the conventional thinking that 
cellular systems produce the highest level of exposure to Non-
Ionizing Radiations.   

The Lee propagation model could be used as an effective 
method to estimate cellular NIR exposure inside a university 
campus environment. Future work should validate this 
assessment for different telecom systems. 
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Keywords— handover, long term evolution, measurement events, 
open access femto-cells.  

 
Abstract—As open access femto-cells have been deployed as 

means to enhance the Long Term Evolution (LTE) network 
capabilities, handover schemes have been proposed to reduce the 
possible negative impacts of femto-cell deployment. In this article, 
we analyze the impact of measurement events and signaling in the 
LTE handover process, aiming to offer further opportunities for 
handover optimization. Simulation results show that handover 
parameter optimization, as well as LTE network optimization may 
benefit from combining measurement events and user profiling in the 
handover process. 
 

I. INTRODUCTION 
S Long Term Evolution (LTE) continues its deployment 
around the world, the goal of providing seamless voice 

and data services remains a challenge to this day, because of 
the increasing demands and needs of the customer base, and 
the  difficulties arising from environmental constraints, mainly 
in urban scenarios, where allocated demand, multipath fading 
and femto-cell deployment introduce further elements to the 
network optimization.  

As femto-cells have been proposed as alternatives to prevent 
cell congestion in LTE, as means to achieve load balance over 
the network, these do bring additional considerations to be 
addressed in the design and optimization of LTE networks, 
such as interference between cells and handover parameter 
optimization. 

In this last regard, most of the research has been focused in 
the usage of a particular handover signaling set as a benchmark 
for other “soft” handover algorithms proposed, as shown in 
[1]-[3]. In [4]-[7], further self optimization of the LTE 
Network is introduced, by using the same signaling (A3-event) 
parameters for further control and optimization of the network 
and the reduction of Radio Link Failures (RLF).  
 This article explores the usage of both A3 and A2-A4 events 
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for signaling in LTE UE handover, in rural and urban 
scenarios, taking into account the impact of femto-cell 
deployment for the different simulation scenarios, using NS-3 
as simulation engine. 

Both sets of events are further analyzed, regarding user’s 
profiles in terms of download/upload traffic, as well as varying 
velocities, ranging from pedestrian to automotive speeds. A 
combined approach is proposed for usage in adaptive self-
optimization for LTE networks as future work. 

 The rest of this document is organized as follows: Section 
II, introduces an overview of hard handover signaling is 
presented, Section III presents the simulation scenarios used, 
while Section IV shows the results obtained from them. Finally 
Section V proposes an approach to enhance handover 
parameter optimization algorithms. 

II. OVERVIEW OF HARD HANDOVER SIGNALING EVENTS 
Regarding handover optimization, it is important to consider 

the deployment of open access femto-cells, this is, femto-cells 
allowing its usage or attachment from any user equipment 
(UE), thus having means for appropriate signaling for other 
eNodeB’s (Macro or femto-cells). 

The aforementioned signaling includes, but is not limited to, 
the reporting and communication capabilities of each eNodeB 
to perform the handover of any UE, as long as such handover 
is allowed (considering eNodeB load, etc.). For these 
purposes, measurements are performed by the UEs and 
reported to eNodeBs constantly.  

As part of the 3GPP definitions of LTE, the measurements 
are reported as a series of events, mainly the A3 event 
(neighbor cell becomes offset better than serving), and the A2-
A4 pair of events (Serving becomes worse than threshold – 
Neighbor becomes better than threshold).  

There is however a key difference involving the previous 
measurement events. A3 event is mainly related to Reference 
Signal Received Power (RSRP), while A2-A4 event is related 
to Reference Signal Received Quality (RSRQ). RSRP, is a 
measure of the average power received by the UE, while 
RSRQ provides additional information from the channel 
quality, taking into account inter-cell interference, thermal 
noise, etc[2]. 

Figure 1 shows the signaling involved for an A3-Event 
based handover. 

Comparison between measurement events for 
LTE handover in rural and urban scenarios 

involving femto-cell deployment 
Juan Camilo Chaparro-Marroquín 
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Fig. 1, A3-event based handover [8] 

 
Though the usage of A3 event for signaling may put less 

stress on the UE, as only one measurement must be done by it, 
the A2-A4 pair of events may introduce further optimization 
opportunities, as they may be triggered quickly, thus reducing 
the possibility of performing handovers too late. 

The opposite however, remains true for the A3 event. A2-
A4 events may trigger more handovers, and depending on the 
UE speed and trajectory, these additional handovers may lead 
the UE to “ping-pong” between serving eNodeBs, resulting in 
the waste of radio link resources, and the reduction of the 
perceived Quality of Service (QoS), by the UE. 

III. SIMULATION SCENARIOS 
For simulation purposes, 5 scenarios where considered: 3 

for rural and 2 for urban analysis.  These scenarios where 
designed to be able to determine the main differences from 
each handover signaling method, and as baselines for 
comparison of results. All scenarios where simulated in NS-
3.20, using the LTE modules developed by the Centro de 
Telecomunicaciones de Cataluña (CTTC), as part of the LTE-
EPC Network Analyzer project (LENA) [9]. 

For the different scenarios, radio environment maps (REM) 
where generated, in order to be able to determine appropriately 
the positioning of femto-cells, in the cases where they were 
allocated. The REM’s where generated with GNUPLOT, and 
traces generated by NS-3. 

The first scenario, considered as a baseline or benchmark 
for comparison of the rural scenarios, consists of 80 UEs 
roaming on a 2.24 squared kilometers area, served by seven 
macro-cells and no femto-cells deployed on the area.  

The UEs are set with random walk mobility patterns with 
speeds up to 60km/h, and symmetric data applications of 
1Mbps, in order to provide congestion to the LTE network. 
Figure 2 shows the  REM for the base scenario. 

The rural scenarios consisted of 80 UEs roaming on a 2.24 
squared kilometers area, served by seven macro-cells, with 20 
femto-cells deployed on the same area, allocated in clusters of 
a maximum of 4 femto-cells. This scenarios were designed to 
resemble rural areas where macro-cells are deployed over the 
area to guarantee coverage and femto-cells may be deployed in 
large farms facilities, or in small towns found in the area. 

For these scenarios, random walk mobility patterns were set 
for the UEs, with velocities around 60km/h (vehicular 
velocity), and symmetric data applications for each UE of 
1Mbps, in order to maximize the stress of the network to 
observe flow interruptions for the different UEs set up in the 
scenario. Figure 3 shows the REM for the rural scenarios. 

The urban scenarios, consisted of 150 UEs roaming on a 0.7 
squared kilometers area, served by two macro-cells, with 30 
femto-cells deployed on the area, distributed among 30 
concrete, glass-windowed residential/commercial buildings. 
The scenario is designed to resemble a downtown area or a 
residential area, where this kind of buildings dominate the 
landscape. 

For these scenarios, velocities vary from 5 km/h (pedestrian 
speed), to 60km/h (vehicular speed), as in urban areas both 
types of speeds need to be taken into account. As for 
applications, 8Mbps symmetric data applications are set for 
each UE, accounting for video conferencing, file downloading 
and uploading operations (syncing of files, etc.). Figure 4 
shows the REM for the urban scenarios. 

In the  urban scenarios, the operation of femto-cells is 
turned on/off, in order to measure its impact on the LTE 
network performance. 
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Fig. 2, REM for base scenario 

 
Fig.  3, REM for rural scenarios 
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Fig.  4, REM for urban scenarios 

 
 
 

 

IV. RESULTS AND DISCUSSION 
For the previously described scenarios, simulations were 

performed by taking into account the usage of A3-event based 
handover mechanism, and A2-A4-event based handover 
mechanism (HOM). The overall throughput was observed, as 
well as 3 Key Performance Indicators (KPI), related to the 
QoS for the user. 

The KPIs measured for the simulations were the packet loss 
rate (PLR), the delay and the jitter for each case. These 
measurements were done using the “FlowMonitor” module of 
the NS-3 simulation engine, and the tracing capabilities of the 
LENA module [10]. 

Tables I and II show the results obtained for the rural 
scenarios in downlink and uplink, Table III and IV show the 
results obtained for A3-event signaling in urban scenarios in 
downlink and uplink, and Tables V and VI show the ones 
obtained for A2-A4-event signaling, again in downlink and 
uplink. 

 
 

Table I, Results obtained for rural scenarios in downlink 
HOM/KPI No A3 A2-A4 

Throughput (Mbps) 18,58 19,42 19,61 
Delay (ms) 100,25 103,34 102,29 

Jitter (ms) 10,12 11,24 10,78 
PLR (%) 0,10 0,32 0,22 
Table II, Results obtained for rural scenarios in uplink 
HOM/KPI No A3 A2-A4 

Throughput (Mbps) 10,49 10,78 10,69 
Delay (ms) 34,75 33,97 35,33 
Jitter (ms) 6,9 6,5 7,1 
PLR (%) 1,5 1,3 1,7 

 
Table III, Results obtained for urban scenarios in downlink 

with A3-event signaling 
HOM/KPI Femto-cell off A3 

Throughput (Mbps) 24,27 25,03 
Delay (ms) 125,55 138,29 
Jitter (ms) 12,5 12,9 
PLR (%) 0,78 0,99 

 
Table IV, Results obtained for urban scenarios in uplink 

with A3-event signaling 
HOM/KPI Femto cell off A3 

Throughput (Mbps) 3,6 3,98 
Delay (ms) 33,75 31,29 
Jitter (ms) 6,8 6,1 
PLR (%) 1.2 1.5 
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Table V, Results obtained for urban scenarios in downlink 

with A2-A4-event signaling 
HOM/KPI Femto-cell off A2-A4 

Throughput (Mbps) 24,47 25,07 
Delay (ms) 131,11 134,16 
Jitter (ms) 12,8 13,7 
PLR (%) 0,64 0,96 

 
Table VI, Results obtained for urban scenarios in uplink 

with A2-A4-event signaling 
 

HOM/KPI Femto-cell off A2-A4 
Throughput (Mbps) 3,6 4,3 

Delay (ms) 32,48 34,72 
Jitter (ms) 7,9 8,1 
PLR (%) 0,75 1,0 

 
From the obtained results, for the downlink, the throughput 

obtained by the usage of any handover mechanism with femto-
cell deployment is augmented, especially with A2-A4-event 
signaling. As it had been previously studied, this signaling 
triggers a handover faster than the A3-event signaling. 

Note that in this case, the deployment of open access femto-
cells impacts negatively other KPIs of the UEs. This is 
particularly important, in order to decide whether to perform a 
handover to a particular femto-cell, depending on the 
application or user profile being provided by the UE. 

In the case of video streaming, as the handover might 
introduce further jitter in the stream, handovers might be 
undesirable, however, in the case of data applications, where 
throughput gains are greater than the jitter and delay losses, the 
handovers could be desired. 

In uplink, on the other hand, A3-event based handover 
presents improvements in the overall quality of the signal, and 
the throughput of the link overall, getting better results than 
A2-A4-event, and than the “no femto-cell” scenarios.  

This particular result can be explained by the handover 
mechanism itself. Since A3-event consists on the detection of a 
better-than-serving neighbor, it keeps the UE attached to the 
best cell available.  

Also, as LTE radio resource allocation depends strongly on 
UEs transmission power, the usage of RSRP as a channel 
indicator is more appropriate and will produce better results 
for a handover mechanism that utilizes it as a measure of 
channel quality for uplink. 

As higher modulation and coding schemes (MCS) are not 
available for LTE uplink radio resource allocation, performing 
fewer handovers is desirable, since these handovers won’t 
usually get to MCS that enhance the observed radio link KPIs. 
However, it is clear that in particular zones, where macro-cells 
may not provide of enough QoS, a handover may improve the 
overall QoS provided to the UE. 

In the overview of the handover mechanisms, it had been 
pointed out, the possibility of A2-A4-event triggering a larger 

amount of handovers than A3-event. This further explains the 
better performance of the latter in uplink. Furthermore, Table 
VII shows the amount of handovers for A2-A4-event and A3-
event with femto-cell deployment in the urban scenario. 

The obtained results may be integrated in more complex and 
robust handover mechanisms and LTE network optimization, 
particularly in the aspects regarding handover parameter 
optimization. 

 
Table VII, Amount of handovers for different handover 

mechanisms on urban scenarios with femto-cell deployment 
 A2-A4 A3 

 Handovers 724 512 

V. PROPOSED APPROACH FOR LTE NETWORK HANDOVER 
PARAMETER OPTIMIZATION 

Handover parameter optimization is a key to the provision 
of seamless voice and data services to the growing demands of 
consumers, and several authors have already tackled into 
different approaches for this matter. 

The main approach by the aforementioned authors has been 
the utilization of Self-Organizing Maps (SOMs) [11]-[14], 
where different handover performance calculations are done, 
in order to improve the handover parameter tuning.  

From the drawn conclusions of the previous sections, further 
opportunities for parameter tuning may arise, if the user’s 
profile (i.e. the uplink/downlink usage by each user), and the 
application served to each user are taken into account. 

A coding scheme for the application and profile might be 
added to the entire signaling existing between the UEs and the 
eNodeBs. Since switching between handover mechanisms on a 
real-time basis might not be feasible, it is proposed to 
aggregate the user profile and the application in the UEs 
hourly, with a report being sent then to the serving eNodeB 
each hour. The handover mechanism, whose optimization is 
integrated within the SOM algorithm, will be fixed as well on 
an hourly basis, providing a solution better fitted for each user, 
as opposed to a one-fits-all solution. 

As future work, this approach will be taken into account into 
the development of a time-adaptive approach [15] for 
handover parameter optimization for LTE networks. 
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Abstract—In this paper, we present an energy conservation 

mechanism to maximize unavailability interval and to improve the 
energy efficiency for the Power Saving Class in WiMAX. The 
proposed method can be implemented in commercial systems, and is 
fully compatible with the 802.16 standard. It provides a systematic 
way to adjust the start frame number for first sleep window, one of the 
important parameters defined in power saving mechanism. We also 
apply the sleep cycle concept in this paper to increase the 
unavailability interval. In addition to the computational complexity, 
simulations are conducted to evaluate the performance of the proposed 
algorithms. Our proposed model proves the unavailability interval 
ratio may increase up to 49.8% in some case. 
 

I. INTRODUCTION 
ith the mature of IEEE 802.11 wireless local area 
network (WLAN), we have the ability to access high 

speed internet connection at any location. However, vehicle 
mobility functions are not specified in WLAN standards. 
During the past years, the mobile devices have become more 
popular, and people desire to have a ubiquitous internet access 
network. The Worldwide Interoperability for Microwave 
Access (WiMAX) [1-2] has been designed for fixed and mobile 
broadband network through broadband radio access 
technology. It utilizes some advanced communication 
technologies, such as the Orthogonal Frequency Division 
Multiple Access (OFDMA) air interface, Adaptive Modulation 
and Coding (AMC) modulation and Multi-Input Multi-Output 
(MIMO) antenna technologies.  

Due to the high speed moving capability in WiMAX, the 
Mobile station (MS) need to use the battery as its major power 
source, and therefore the power management becomes a very 
important issue. From the hardware perspective, radio 
frequency (RF) module dominates the power consumption of 
MS, and how/when to turn off the RF module becomes the 

 
Jia-Sheng R. Chen is with the Graduate Institute of Applied Science and 

Engineering, Fu Jen Catholic University, New Taipei City, Taiwan, and also 
with the Department of Electrical Engineering, Lee-Ming Institute of 
Technology, New Taipei City, Taiwan (e-mail: 494598065@mail.fju.edu.tw) 

Yuan-Chang Chang is with the Department of Electronic Engineering,  Hwa 
Hsia Institute of Technology, New Taipei City, Taiwan (e-mail: 
ycchang@cc.hwh.edu.tw).  

Hsing Mei is with the Department of Computer Science and Information 
Engineering, Fu Jen Catholic University, New Taipei City, Taiwan  (e-mail: 
mei@csie.fju.edu.tw.edu). 

critical concern of power saving. For this reason, the 802.16 
defines the sleep mode and idle mode for power saving 
operation to extend the MS battery lifetime.  

Sleep mode is a state in which an MS conducts pre-negotiated 
periods of absence from the serving Base Station (BS) air 
interface. These periods are characterized by the unavailability 
of the MS, as observed from the serving Base Station, to 
Downlink (DL) or Uplink (UL) traffic. Sleep mode is intended 
to minimize MS power usage and decrease usage of serving BS 
air interface resources, and it may also be used to support 
co-located coexistence. Implementation of sleep mode is 
optional for the MS and mandatory for the BS. 

The process time between the MS and BS is always divided 
into cycles, and each cycle includes the awake mode and sleep 
mode. If the MS has data to send or receive, it is in the awake 
mode. Otherwise, it will enter the sleep mode. The sleep mode is 
illustrated in Fig. 1. Under the 802.16 sleep mode operation, an 
MS starts to sleep for a fixed amount of time, called initial-sleep 
window, and wakes up in the listening window interval to listen 
if the BS has any buffered downlink traffic destined to itself. If 
there is no such traffic, MS adjusts the sleep window size, and 
goes to sleep state again. Otherwise, it enters the awake mode.  

 

 
Fig. 1 Illustration of the listening and sleep state operations 

A.  Overview of Power Saving Mechanism in 802.16 
There are three types of Power Saving Class (PSC) [2], which 

differ by their parameter sets, procedures of activation and 
deactivation, and policies of MS availability for data 
transmission. Type I is recommended for Best Effort (BE) and 
Non-Real-Time Variable Rate (NRT-VR) type. For type I, the 
MS sleeps for a period, and then wakes up to listen if there is any 
incoming packet during the listening window. If there is still no 
packet to send or receive, the MS exponentially doubles the 
previous sleep interval. Type II is suited to Unsolicited Grant 
Service (UGS) and Real-Time Variable Rate (RT-VR) type. For 
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type II, the MS sleeps for a fixed interval, and then wakes up to 
check packet arrivals. The MS starts the same fixed sleep 
interval if there is no packet to be transmitted or received. Type 
III works for multicast connections as well as for management 
operations. For type III, it is active for only one sleep window. 
After one sleep window, the Type III is then deactivated and 
goes back to normal operation.  

B. Problem Statement 
In 802.16, the unavailability interval [2] is defined as a time 

interval that does not overlap with any listening window of any 
active Power Saving Class. During the unavailability interval in 
Downlink or Uplink, the BS shall not transmit to the MS; 
therefore, the MS may power down one or more physical 
operation components or perform other activities that do not 
require communication with the BS (e.g., Scanning neighbor 
BSs, associating with neighbor BSs). If only one PSC is used, an 
MS can turn off its power during a sleep window and save the 
battery energy. However, if an MS uses more than one PSC no 
matter that these PSCs are the same type or different types. It 
can turn off its power only within the unavailability interval. It is 
evident that if two PSCs are used, the MS will turn off its power 
for a shorter period than only one PSC is used.  

An MS PSCs example is shown in Fig. 2 with three 
connections. Connection 1 , 2 and 3 are Type I,  Type II and 
Type I, respectively. Each PSC operates according to the 
mechanisms described earlier with different parameters. The 
unavailability intervals are those frames when all of the three 
connections are in sleep windows, which is shown at bottom of 
Fig. 2. Although the connection 1, 2 and 3 has 31, 24 and 28 
frames of sleep windows in the first 36 frames, respectively, the 
MS can totally only power down to 16 frames in the first 36 
frames. From the above results, we learn the sleep window 
frame rate for connection 1, 2 and 3 has 86.11% (31/36), 
66.67% (24/36) and 77.78% (28/36), respectively, but the 
unavailability interval ratio for all 3 connections only has 
44.44% (16/36). The difference of the rate is near to 43% at 
most. 

1 2 3 4 5 6 7 8 9 10 11 12 13 14 15 16 17 18 19 20 21 22 23 24 25 26 27 28 29 30 31 32 33 34 35 36

                         Cycle                   Cycle

 State of the MS

                                  Cycle           Cycle     Cycle

         Cycle          Cycle          Cycle          Cycle          Cycle

           Cycle

Connection 1 (type I) :  Initial sleep window = 2 frames, Listening window = 1 frame

     Start frame for the first sleep window is 1

  Start frame for the first sleep window is 2

    Start frame for the first sleep window is 3

 Connection 2 (type II) :  Initial sleep window = 4 frames, Listening window = 2 frames

 Connection 3 (type I) :  Initial sleep window = 3 frames, Listening window = 2 frames

 Frame in unavailablitity interval

 Frame in listening window

 Waking frame

 Frame in sleep window              

 Fig. 2 Example of sleep mode operation 

C. Related Works 
In the literature, Jang [3] presents a model to adapt the length 

of sleeping period according to the traffic status. The authors in 
[4] evaluate the effect of the initial sleep window, final sleep 
window and average interarrival time of Media Access Control 
(MAC) frame for the performance of power saving. In [5-6], the 
authors propose an analytical model of Type I and investigate 
the power consumption of 802.16, including the incoming and 
outgoing frames. Han [7] has determined the sleep mode 
operation in terms of average energy consumption and average 
frame response delay. They have studied the operation of sleep 
mode that is specified in the MAC protocol [8]. It is estimated 
the power consumption in listening state by modifying the sleep 
interval in [9]. The authors describe a Chinese Remainder 
Theorem that is to find the maximum Unavailability Interval 
which the transceiver can be powered down in [9-10]. However, 
most of them focus on the performance analysis of only one type 
of PSC. They all do not take into account for service 
connections of the types I and type II power saving classes 
simultaneously. 

The authors [12] derive a new packet dependent power 
allocation pattern based on the sum of weight capacity and the 
packet’s priority in users’ queues, and uses new power 
allocation pattern to allocate power. In the Kwon’s proposed 
mechanism [13-14], the MS adjusts the sleep window of PSC I 
when the MS is using PSC I and PSC II. In case that the MS is 
using PSC II and PSC III, the MS adjusts the sleep window of 
PSC III. Chen [15] brings up an algorithm that can incorporate 
Type I and Type II PSCs while still maximizing the 
unavailability intervals of an MS. Although they all consider the 
mixing of type I and II PSCs, their proposals need to consume 
extra energy to operate the proposed mechanism. 

D.  Motivation and Objectives  
It is quite usual that one MS may have multiple living 

connections and different power saving classes simultaneously. 
If multiple power saving classes exist on the same MS, the sleep 
mode operation needs to be further investigated. As defined in 
the 802.16 standard, there are three parameters for Power 
Saving Class of Type I and II: (1) sleep window, (2) listening 
window, and (3) start frame number [2]. It is that the lengths of 
listening window and sleep window are independent among 
different power saving classes, the actual length of MS’s 
unavailability intervals depends on the overlapping of all the 
sleep windows. The start frame number also influences the 
length of the unavailability intervals. 

Our goal is to achieve the maximum unavailability intervals 
for the power saving class of type I and type II. The design 
concept is to redesign the sleep cycle and change the start frame 
number so that the MS has more unavailability sleep frames.  

Since type III is not related to this research because of its 
purpose of design. We will not consider it in this paper. 

E.  Organization  
The rest of this paper is organized as follows; Section II 

introduces our proposed method including the adjustment of the 
start frame number and sleep cycle design in IEEE 802.16. We 
present an analytical model and the performance evaluation 
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result in Section III. Finally, we conclude this paper in Section 
IV. 

II. PROPOSED POWER SAVING MECHANISM 
We adopt 802.16m [16] Sleep Cycle (SC) concept as the sum 

of a sleep window interval and a listening window interval. A 
sleep cycle is shown in Fig. 3, except for the first initial-sleep 
cycle (SC0), a cycle shall begin with a listening window. Then, a 
sleep window shall follow the listening window, and continue to 
the end of the current sleep cycle. Here, we only change the 
definitions for the power saving classes of type I and describe 
below. 

If the MS has data to send or receive, it is in the awake mode. 
Otherwise, it will enter the sleep mode. The sleep mode also 
involves the listening window and sleep window. Before MS 
entering sleep mode, it shall inform the BS using a sleep request 
(MOB_SLP-REQ) message and wait for the approval 
(MOB_SLP-RSP) message from BS. The MS may retransmit a 
MOB_SLP-REQ message if it does not receive the 
MOB_SLP-RSP message within the defined timer. 

 
Fig. 3 Illustration of the sleep cycle in IEEE 802.16 

According to the standards [2], the MOB_SLP-RSP shall 
include the following parameters (table 1) which related to the 
power saving class mechanism. 

Table 1 The parameters of power saving class 

 
We introduce new variables in this paper which are   

Initial-sleep cycle (SC0), ith-sleep cycle (SCi) and Final-sleep 
cycle (SCfinal). SC0, SCi and SCfinal are formulated as follows: 

 
SC0  =  SW0 
SCi  =  ith -sleep window + LW ,   i > 0 
SCfinal  =  LW + FSWbase * 2 FSWexp 

A. Proposed Power Saving Classes of type I 
When the MS receives the approving MOB_SLP-RSP 

message, which carries the initial-sleep window (SW0), listening 
window (LW), start frame number for first sleep window (Ffirst), 
final-sleep window base (FSWbase) and final-sleep window 

exponent (FSWexp), it will come into initial-sleep cycle defined 
by SC0 and wakes up to listening state. During the listening 
window, the MS listens to a traffic indication 
(MOB_TRE-IND) to decide whether to enter awake mode or go 
back to sleep state. When the MS senses a positive 
MOB_TRF-IND (+) message indication, it will enter the awake 
mode. If the MS decide to stay in the sleep state when received 
the MOB_TRF-IND (-), it should double the preceding sleep 
window in the original 802.16 standards. But, we redefine this 
procedure to double the preceding “sleep cycle”. This process is 
repeated as long as the sleep cycle does not exceed the 
final-sleep cycle (SCfinal). If the MS has reached SCfinal, it shall 
keep the sleep cycle as fixed SCfinal.   

The length of the sleep cycle in the ith cycle is given by 
 

SCi  =  min ( 2 * SCi-1,  SCfinal ) ,  i > 0 
 

We do not change the standards for type II in this paper. 
When the MS receives a negative MOB_TRF-IND (-) message 
indicating in the listening window, it shall start the same fixed 
sleep window in the power saving classes of type II. 

B. Regularization and Adjustment Method 
A method of increasing unavailability intervals for sleep 

mode operation of WiMAX is presented, which can cover both 
the type I and Type II services in the sleep mode operation. The 
main idea is to regularize the length of initial-sleep cycle (SC0) 
and adjust the start frame number for first sleep window (Ffirst) 
composed of all power saving classes running on the same MS. 
The length of the unavailability intervals of the MS can be 
maximized and the energy consumption is decreased. 

It is that the irregular length of sleep cycles will drop the 
unavailability intervals (Fig. 2), we specify a basic-sleep cycle 
(SCbasic) parameter to correct this problem. The initial-sleep 
cycle (SC0) for any PSC should be satisfied:  

 
SC0 = 2i × SCbasic ,     i >= 0 
 

The example of Fig. 4 shows the length of basic-sleep cycle 
(SCbasic) is 4 frames, and the initial-sleep cycle (SC0) for 
connection 1, 2 and 3 has 4, 4 and 8 frames, respectively. 

If we change the start frame number of any PSC, it will not 
influence the behavior of that PSC. As shown in Fig. 4(b), each 
class still sleeps and listens for the same period of time in their 
sleep cycle after the amendment of the start frame number. 
However, if the start frame number of a PSC is initiated at 
another different frame, the unavailability intervals of the MS 
will be not the same amount. 

In the standards, the start frame number can be modified. We 
propose to adjust the start frame number of each power saving 
class (except the first one) so that the unavailability intervals 
can be maximized. The principal concept is the offset among the 
start frame number of all PSCs should be the multiple of 
basic-sleep cycle (SCbasic). We denote the start frame number of 
the first PSC as F1-first. The start frame number (Ffirst) for each of 
the other PSCs should be assigned to : 
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The new start frame number of connection 2 and 3 in Fig. 

4(b) is 2 and 6, respectively, and shows that the total 
unavailability intervals is 21 frames after the adjustment, which 
is more than that in Fig. 4 (a) at the same period time. It is worth 
to stand a few additional delays for cost. In the worst case, only 
less than one basic-sleep cycle (SCbasic) time of delay would 
occur. 

 

     Start frame for the first sleep window is 1

 Connection 3 (type I) :  Sleep cycle = 8 frames , Listening window = 2 frames

1 2 3 4 5 6 7 8 9 10 11 12 13 14 15 16 17 18 19 20 21 22 23 24 25 26 27 28 29 30 31 32 33 34 35 36

1 2 3 4 5 6 7 8 9 10 11 12 13 14 15 16 17 18 19 20 21 22 23 24 25 26 27 28 29 30 31 32 33 34 35 36

       SC        SC       SC        SC        SC        SC

 State of the MS

 Frame in sleep window                SC : Sleep Cycle

       SC

                 SC

       SC        SC        SC        SC

                                   SC

 Frame in unavailablitity interval

 Frame in listening window

 Waking frame

             Start frame for the first sleep window is 4

       SC        SC        SC       SC

                                       SC                     SC

       SC

        SC                 SC

 Connection 1 (type I) : Sleep cycle = 4 frames , Listening window = 1 frame

       SC

 Connection 2 (type II) :  Sleep cycle = 4 frames, Listening window = 1 frame

       SC

                  SC                          SC                                    SC

       Connection 3 : Start frame for the first sleep window is 6

       Connection 2 :  Start frame for the first sleep window is 2

(b) With adjustment

(a) Without adjustment

  Start frame for the first sleep window is 2

  Connection 1 : Start frame for the first sleep window is 2

        SC                 SC                                        SC                     SC

                     SC

 State of the MS

 
Fig. 4 Example of proposed power saving classes 

III.  PERFORMANCE EVALUATION RESULT 
In this section, we inspect the performance of our proposed 

mechanisms using simulation written in C language, and present 
3 cases for different combination of power saving class types. 
Common parameters used in our numerical calculations are 
listed in Table 2. We investigate how the performance of the 
unavailability interval ratio without/with adjustment is affected 
by 3 connections. 

 
Table 2  Numerical and Simulation Parameters     

 
We simulate the first case with three type I connections and 

compare them with adjustment and without adjustment. The 
parameters used in this example are listed in Table 3. Fig. 5 
shows the result of the unavailability interval ratio within 5 
seconds range. The difference between them is from 20% to 
1.6% as time increasing. 

 
Table 3  Parameters in case 1  
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Fig. 5  Result of  case 1 

 
Second, we simulate another case with three type II 

connections. The parameters used in this example are listed in 
Table 4. Fig. 6 shows the unavailability interval ratio within 5 
seconds range. The difference between them is from 40% to 
49.8% as time increasing. 

Table 4  Parameters in case 2 
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Fig. 6  Result of  case 2 
It is reasonable to assume that two PSC type I’s and one PSC 

type II are used simultaneously. The parameters used in case 3 
are listed in Table 5. Fig. 7 shows the unavailability interval 
ratio within 5 seconds range. The difference between them is 
from 20% to 1.6% as time increasing. 

 
Table 5  Parameters in case 3 
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Fig. 7  Result of  case 3 

IV. CONCLUSIONS 
In this paper, we propose a novel adjustment management 

strategy to increase the unavailability interval. In order to verify 
the performance improvement, we carry out simulation 
experiments. The simulation results prove the efficiency of the 
proposed mechanism. And this improvement is affected by the 
sleep cycle and the adjustment of the start frame number for first 
sleep window. In the best case, the unavailability interval ratio 
can be improved up to 49.8% under all type II connections. In 
the mixture connections of type I and II, it still can save 6.25% 
in the first 800ms interval. 
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Abstract—as information becomes vital for security and 

efficiency of message transfer from a source to a 
destination node, the concern for how this information 
could be compressed in a message for transfer is also a 
vital issue. In this paper we come up with an experiment 
that random variables could be selected in a probabilistic 
manner of certainty and uncertainty. We interpret the 
outcomes of the experiment with the theory of Shannon 
entropy of classical information.This means a measured 
state will have less information in it because of the 
certainty of pure states, the entropy of a pure state is zero. 
The higher the entropy the more qubits could be contained 
in a message. We analyze how our experiment provide 
chances of retrieving more information out of a variable 
that has less chances of been picked there by recording a 
high number of entropy than the variable with a higher 
probability. 
 

I. INTRODUCTION 
Traditionally a model of communication comprises 
sending and receiving nodes and a medium within 
which information is transferred (in our case 
quantum channel). 
A particular channel transmitted some symbols as 
input which in connection also produces other 
symbols as output, the input and output symbols are 
different, and then there is a need for an encoding 
procedure, to ensure the effectiveness of the 
transmission[1]. The encoding process involves the 
assignment of precise word to each input symbols, 
that this word has a built-in relation with output 
alphabet[2]. Now the information sent and received 
are different and this lead to the chance of error at 
the receiving end, whose intention was to extract 
the initial information at the highest fidelity[2, 3]. 
This also applies to quantum information theory but 
with some changes. A quantum state was assigned 

 
 

to the symbol generated by the source. Unlike 
traditional model the symbol of the input/output 
alphabet of the channel is 2D Hilbert space known 
as qubit[4]. The source encoding was also 
represented in qubit. There is a super operator 
representing the alteration of the transmitted 
information. But for our case we deliberately 
introduce noisy behavior in our channeldue to the 
environmental effect on the system upon 
interaction. When the channels are free of error, 
each symbol is attached to a pure state.While a 
mixed state is associated to the symbol if the 
channel is noisy. 

II. BACKGROUND 
In this section the theoretical idea of information 
transfers in both classical and quantum information 
theories are discussed. 

A. Shannon entropy as a concept of information 
transfer 

This will be better understood if we start with a 
real life example. 

Assuming we have a bag that contains 10 fruits 
and if nine of the fruits are oranges and one is an 
apple, extracting one fruit at random.Let’s assume 
the random extraction as X. The result is measured 
by assigning the value 1 if the fruit is orange and 
value 0 if the fruit is apple. 

 

 

The expected value of finding the variable  can 
be calculated as 

 
 

The amount of information for an event (i) is 
defined as 

Probabilistic Experiment Interpreting Shannon 
entropy of Information Transfer 
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Now in our casethe two values of information 
will be 

 
 

Now there is little anomaly that the information 
associated with having apple fruit is much higher 
than that of having orange despite having the 
highest probability[5]. Therefore the idea of random 
variable means the exact outcome is not known, and 
still the amount of information retrieved after the 
experiment is not known, due to the reason that 
every possible result has associated a different 
amount of information[2]. This is quite a brilliant 
idea that also gives a way in defining the amount of 
information acquired. 

Now for every X, 
 

Lies a probability  
That provides information  

Now the amount of information associated with  is 
given as considering our example the is 
0.15 with probability 0.9 and 3.32 with probability 
0.1. 
This emerge an important new variable which is not 
dependent on the value of  could be. It relies on 
the probability of those values. 

Now, the expected value of  is 
 

 
And that is the expected valueof the amount of 
information obtained from the experiment by the 
random variable . 
In general the analytic expression of this value 
known as Shannon entropy can be written as[6] 

 

 

B. Von Neumann Entropy 
We learn from Shannon entropy  that it is 

the number of incompressible bits of information 
performed for each letter[6]. It is known that the 
mutual information [6] 

 
is the number of bits per character  about  that we 
can acquire by reading  (or the other way round). 
Now if the conditional probability characterized by 
a noisy channel, then  is the amount of 
information for each character that can be 
transmitted through the channel[7]. Now assuming 
we have a source that generates data (messages) of 
length n, and each character is generated from a set 
of quantum states. These quantum states  are 
associated with probability . As it is clearly 
discussed in[8] that the probability of any measured 
outcome of each character from the  where there 
is no prior knowledge of which character was 
transmitted can be written as [9] 

 

Now for the positive operator valued measure[10] 
(POVM)  

 
We can now define the von Neumann entropy as 

 
By choosing orthonormal basis  that 
diagonalizes  

 

Then  
 

 
In a situation where the pure state (mutual and 
orthogonal) have the signal alphabet then the 
equation source becomes a classical source; 

 
The more the signal state  becomes commuted 
mutually, the more interesting the quantum source 
becomes. Now our bigger argument is that von 
Neumann and Shannon entropies quantify the 
incompressible information content of the quantum 
source and classical source respectively[11]. For the 
quantum source we referto the signal states that are 
pure. In this regard the von Neumann entropy is the 
interpretation of quantum information theory and 
classical for Shannon entropy. 

C. Fidelity 
Assuming a pure state is transmitted through a 
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quantum channel and the pure state is the density 
operator[10, 12] 

 
Then the super operator that produces the 

alteration characterizes this 
 

Now the fidelity function is defined by 
 

If the fidelity is closer to 1we expect better 
transmission and the application of fidelity is 
limited to pure states. And for the mixed states is 
even more complicated[6]. 

 
Where  and  are the mixed states, now the 

fidelity equation can be can be re-written as 
 

Where  and are purification of   and  
respectively. 

Now the fidelity being an important factor the 
following are always true about it. 

1. It ranges between 0 and 1, for fidelity to be 1  
 

2.  
3. Given two real positive numbers  

such that their summation is 1 then 
 

also; . 
4. If  is pure state , then 

 
5.  
6. If  are transformed to  

respectively it implies that 
Which means the 

fidelity of the transformed state is greater or 
equal to the pure state depending on the value 
of . 

D.  Schumacher’s Coding Theorem   
For a set of pure quantum state 

with probabilities 
the symbol from the source depends on 

the density operator  

 
Similarly, a series comprising N symbols is 

described using the tonsorial product formalism as 
 

For a given two positive real numbers  
and sequence of N symbols, each state is generated 
by the source with  qubits keeping the 
fidelity as high as possible i.e . 

E. Quantum Channel without Noise  
Now assuming that we want to send conventional 

information triggered from a source with entropy 
 through an error free quantum channel. For a 

successful transmission of information it is obvious 
that a quantum source is needed. To proceed with 
the process an application is need to be prepared so 
as to take care of the characters of the original input 
alphabet together with their probabilities with a 
complete set of quantum state[6].  

But the  becomes more uncertain when trying to 
obtained a good measurement for the transmitted 
quantum states. To overcome this, the concept of 
accessible information  need to be introduced, 
and it is defined as maximum information in bits 
that could be recovered, when the results of a 
measurement that give the highest information 
carried in a quantum state. 

Now  
 

Where is an operator and also a variable that is 
obtained randomly by measuring the state and their 
corresponding probabilities,  represents the 
classical mutual information between . The 
set of the quantum state are orthogonal. 

F. Quantum Channel with Noise  
The way of retrieving information in a noisy and 
un-noisy quantum channel is somehow identical but 
the only difference is that for the noisy quantum 
channel it is allowed that the input information of 
the quantum source is a static mixture[6]. Hence the 
pure states are transformed into mixed states due to 
the de coherence effect. We can model this channel 
with a super operator ₦ which has effect directly on 
the input alphabet source. 

 

G. Mathematical Values of   
i. Purification:  

For a pure  
 

Then  has to be zero 
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ii. Variation: 
The unitary change of basis doesn’t affect any 

change in entropy  this is true 
because  depends on eigenvalues of . 

iii. Maximum: 

For a value  as non-vanishing eigenvalues, then,  
 

This means the entropy is at highest when the 
non-zero eigenvalues are equal. 

iv. Concavity: 
For 

 
 

This shows the more we have less knowledge of 
how the state is generated the larger the von 
Neumann entropy becomes[13]. This is as the result 
of a concavity of the log function. 

v. Entropy Measurement: 
Suppose in a state  we measure an observable 

 

Such that  has probability 
 

Then Shannon entropy of the ensemble 
measurement outcomes[14] 

 
 

H. Quantum Data Compression  
Let’s assume we have a long message of n 

characters and each character in the ensemble pure 
state was chosen randomly.  

, 
And we also assume that the states are not all 
mutually orthogonal 
Now each character is described by  

 

And generally the whole message has  
 

The challenge here is to find a quantum code that 
will make us to compress the message and thereby 
reducing the Hilbert space to smaller, without 
compromising the message[15]. This compression 

of data was achieved optimally by ben Schumacher. 
The best compression that did not temper with the 
fidelity as  is this of Hilbert space with 

 
Where von Neumann entropy here is the number 

of qubitof quantum information contain in each 
character of a message. 

For a message to have n photons and needed to be 
compressed. 

 

III. RESULTS AND DISCUSSION 
In this section analysis of the simple picking 
experiment was given and also the interpretation of 
information compressed in a single message for 
transfer. 

TABLE I. RESULTS FOR THE EXPERIMENT  
x p(x) orange I(orange) p(x) 

apple 
I 

(apple) 
h(x) orange h(x) 

apple 
1 0.9 0.04575749 0.1 1 0.041181742 0.1 
2 0.888888889 0.05115252 1 0 0.045468909 0 
3 0.875 0.05799195 1 0 0.050742954 0 
4 0.857142857 0.06694679 1 0 0.057382963 0 
5 0.833333333 0.07918125 1 0 0.065984372 0 
6 0.8 0.09691001 1 0 0.07752801 0 
7 0.75 0.12493874 1 0 0.093704052 0 
8 0.666666667 0.17609126 1 0 0.117394173 0 
9 0.5 0.30103 1 0 0.150514998 0 

10 1 0 1 0 0 0 

 
Table I shows the values of the probabilities p(x) 
orange and p(x) apple, amount of information 
I(orange) and I(apple) and the entropies h(x) orange 
and h(x) apple for picking the fruits one at a time, 
these shows the certainty and the uncertainty of 
each event in trying to select either an orange or an 
apple. Therefore by the above interpretation the von 
Neumann entropy is the amount of information in 
picking each of the fruit. 
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Fig 1. Probability of picking an orange 

 
Fig. 1 shows how probability of picking an orange 
keeps changing after each event for ten times with 
the assumption that each time it is an orange that is 
picked. That is why we have uncertainty at each 
event, thus providing more information. 
 

 
Fig 2. Probability of picking an apple 

 
Fig 2 shows how probability of picking an apple 
remain constant after the first event though 
providing less information due to the certainty of 
the outcomes. The assumption here is that the first 
picking was apple therefore all the remaining 
chances are certainly for orange therefore minimal 
amount of information is expected.   
 

 
Fig 3. Entropy measure of picking orange 

 
Fig 3 shows the entropy measure of uncertainty in 
picking the random variable orange, the measure 
keep changing while rising until it reach it 
maximum pick then it collapse to zero. Meaning 
that it is only at the last event that certainty comes 
up. Therefore the message here could contain more 
information compressed as compared to Fig 4 
below. 

 
Fig 4. Entropy measure of picking an apple 

 
Fig 4 shows that the amount of information that can 
be compressed in a message is very little because is 
at only the first prediction that it has a measure but 
all other events are certain therefore the entropy 
collapsed. 

IV. CONCLUSION AND FUTURE WORK 
We were able to show how information can be 

maximum or minimum in an event. Such events 
were assumed to be the messages and the 
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informations obtained in picking the fruits are the 
qubits contained in those messages. The qubits are 
ready for transmission using the probability 
experiment and applying the theory of Shannon 
entropy of classical information. This is an opener 
to start for the quantum information transfer and 
message compression. We will focus in our next 
work the number of qubit of quantum information 
contains in each character of a message, which is 
the von Neumann entropy. The known results of the 
Shannon entropy will give us a lead. 
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The Predicted Energy Efficient Bee-inspired Routing 
(PEEBR) Improvement and Performance Evaluation 
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Abstract— In this paper, the on-demand Predictive Energy-
Efficient Bee-inspired Routing (PEEBR) was modified in order to 
solve the Mobile Ad-hoc wireless Networks MANETs routing 
problem from an energetic point of view. The PEEBR's main 
parameters to be optimized are mainly the energy consumption 
during communication to be minimized and the battery residual 
power of the intermediate nodes to be maximized. The bee-inspired 
PEEBR utilizes two types of bee agents for the optimal path selection 
primarily: the scouts and the foragers involved in the honey bees 
food search process. PEEBR assigns each potential path between a 
certain source-destination pair a fitness value and a goodness ratio 
using its energetic parameters using the Bee Colony Optimization 
BCO model. The experiments developed, using a self-made 
simulator, have shown the ability of PEEBR to optimize the path 
selection process while varying number of nodes in MANET 
compared to state-of-art routing protocols such as the proactive 
DSDV, the reactive AODV and the hybrid ZRP routing protocols. 
Also, PEEBR’s performance was compared to another bee-inspired 
routing protocol BeeAdHoc. 

 
Keywords— PEEBR; Path Selection Optimization; MANET; 

BCO; Energy Consumption; Battery Residual Power; DSDV; AODV; 
ZRP; BeeAdHoc 

I. INTRODUCTION  
The Mobile Ad-hoc wireless Networks commonly referred 

to as MANETs are infrastructureless wireless mobile networks 
that permit mobile nodes hop-by-hop communication from the 
source to the destination. MANETs are characterized by their 
self-organization and decentralization nature. Thus, that 
dynamic nature of MANETs exhibits many challenging 
routing issues. 

Moreover, one of the most important resources in 
MANETs is the limited battery power of the mobile nodes. 
The limited battery lifetime poses yet another challenge for 
the routing algorithms to distribute the packets on multiple 
paths in such a manner that the battery of different nodes 
deplete at an equal rate, as a result, the life time of the network 
could be increased [1]. 
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There are four technically known routing protocols 
categories for MANETs: proactive, reactive, hybrid or 
hierarchical. Proactive routing protocols are mainly table-
driven based on memorizing and updating routing tables 
containing all paths stored by all the network’s nodes. 
However, proactive protocols are inefficient for large 
MANETs which require a larger memory capacity of the 
nodes and result in huge exchange of control packets and 
hence consume a greater amount of energy every time users 
move and the MANET topology changes. On the other hand, 
reactive or on-demand protocols attempt to find the routing 
path between a source node and a destination node when they 
need to communicate which saves MANET resources in terms 
of memory and power of the nodes but could result in delay 
before discovering the requested path. Hybrid protocols 
benefit from both categories capabilities by dividing the 
MANET into overlapping regions or clusters where nodes 
could communicate proactively inside and reactively from 
cluster to another on-demand. 

In order to consider energy consumption while routing in 
MANETs, a group of routing protocols classified as energy 
efficient routing protocols has emerged as presented by [2], 
[3] and [4]. Then, another group of routing protocols classified 
as power-aware routing protocols for MANETs as discussed 
by [5] and [6] consider predicting the power amount that 
would be consumed before choosing the routing path. The 
previous research work of different energy conservation 
techniques has been surveyed by [7]. It assumed localized 
power aware routing algorithms which are devised on the 
assumption that each network node has accurate information 
about the location of its neighbors and the destination node. 

Swarm Intelligence (SI) is a computational intelligence 
approach, as described by [8] that is based on the study of 
collective behavior of social insects in decentralized, self-
organized systems. SI involves a collective behavior of 
autonomous agents that locally interact with each other in a 
distributed environment to solve a given problem in the hope 
of finding a global solution to the problem as defined by [9]. 
Ant Colony Optimization (ACO) introduced by [10] and 
Artificial Bee Colony (ABC) Optimization by [11] are among 
SI optimization techniques that are relatively more robust, 
reliable, and scalable than other conventional routing 
algorithms. Since they do not involve extra message 
exchanges to maintain paths when network topology changes, 
ACO and ABC optimization techniques are suitable for 
optimizing MANETs routing protocols where nodes move 
dynamically and topology changes frequently.  
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The Predictive Energy Efficient Bee Routing PEEBR 
introduced in [1] is a reactive MANET routing algorithm 
inspired from the natural bees food search behavior. PEEBR’s 
routing technique tends to determine the optimal routing path 
based on its goodness ratio. The path goodness ratio is a 
combination of two energetic parameters: the expected energy 
consumption and the nodes batteries residual power for each 
potential path.  

The paper is organized as follows: The second section 
discusses the Bee Colony Optimization (BCO), then, the 
routing protocols classification is described in the third 
section. The improved Predictive Energy Efficient Bee 
Routing (PEEBR) algorithm is proposed by the fourth section. 
PEEBR’s simulation results are shown and analyzed in the 
fifth section. Finally, the sixth section concludes the paper’s 
contribution and future research work. 

II. BEE COLONY OPTIMIZATION (BCO) 
Bee Colony Optimization (BCO) model is a new general 

purpose SI optimization technique based on efficient labor 
employment and efficient energy consumption through a 
multi-agent distributed model. Unlike the Ant Colony 
Optimization (ACO) model, that has adopted mainly one 
natural insect behavior which is the “food search” that aims to 
discover the shortest path between the ant colony and the food 
source, BCO model has adopted mainly two natural behaviors 
from the social bees life: The mating process behavior and the 
foraging process behavior 

The mating behavior was practically used as a powerful SI 
optimization clustering technique that competes with other 
classic clustering techniques and also with other SI 
optimization models especially ACO model. While the 
foraging behavior from which inspired this research is based 
on the natural bee food source search behavior that tries to 
find the food source with the highest quality. 

Inside the bees hive, bees are divided into five groups plus 
the queen bee (or queen bees). The bee swarms staying in the 
hive are the “food packers” group and the “nurses” group 
responsible for feeding the queen and the babies. The three 
other groups are those involved in the food search process: 
The “scouts”, the “foragers” and the “workers”. By 
distributing the food search process among three troops of 
bees, the energy consumed by each bee to find a certain food 
source will be reduced and hence the search trip time will be 
proportionally minimized through three phases of search: 
First, discovering all potential sources by the scouts. Then, the 
foragers assign each discovered source a certain probability 
according to its quality (nectar amount) to allocate an 
equivalent number of workers. Finally, collecting nectar by 
worker bees from the food source according to the 
qualification probability assigned by the foragers to each food 
source. Particularly, the two main groups of bees involved: 
• The scouts: responsible of discovering all possible food 

sources (flowers). Then, they when they return to the hive, 
they guide by performing the “waggle dance” or “round 
dance” (if the food source is near the hive) to the food 

source direction. The angle from the hive between the sun 
and food source is illustrated by figure 1.  

• The foragers (onlookers): responsible of qualifying the 
discovered food sources (in terms of nectar amount and 
quality) then recruitment and guidance of the swarm of 
worker bees to their direction from the hive. 
 

 
Fig. 1 The direction of the food source relative to the sun from the 
hive and the waggle dance 

Karaboga and B. Basturk in [11] and [13] inspired by the 
“foraging behavior” of honey bees, have proposed a numerical 
function optimization algorithm based on the Artificial Bee 
Colony (ABC) then tested its performance to prove efficiency 
and outperformance when compared to other SI optimization 
algorithms. Then, Karaboga and Ozturk in [12] have defined 
clustering as the process of recognizing natural groupings or 
clusters in multidimensional data based on some similarity 
measures. 

III. MANET ROUTING PROTOCOLS CLASSIFICATION 
There are different categories of routing protocols in the 

Mobile Ad-hoc Networks MANETs. For unicast routing 
protocols, there are four main types of routing protocols 
according to the routing mechanism employed to discover, 
control, maintain, memorize or update the path between a 
specified source and destination nodes in MANET. The 
proactive routing depends on a routing table stored and 
regularly updated at each mobile node. While the reactive 
routing tends to discover a source-destination path on-demand 
whenever requested. A hybrid routing protocol benefits from 
both proactive and reactive to make a more reliable and 
scalable routing by dividing the MANET area into 
overlapping zones or clusters communicating proactively 
locally (within the same zone) and reactively to reach a 
destination in different zone. Finally, in hierarchical routing, 
each node has a hierarchical ID, which is a sequence of the 
MAC addresses from the top hierarchy to the source node 
[14]. 

According to figure 2, the Destination Sequenced Distance 
Vector DSDV is a distance vector proactive routing protocol. 
On the other hand, the Ad-hoc On-demand Distance Vector 
AODV and the newly proposed Predictive Energy Efficient 
Bee Routing PEEBR are considered reactive on-demand 
routing protocols. Finally, the Zone-based Routing Protocol 
ZRP is a hybrid routing protocol. 
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Fig. 2  MANET Routing Protocols Classification 

While AODV, DSDV and ZRP are considered the state-of-
art routing protocols for MANETs from the literature, PEEBR 
and BeeAdHoc [17] could be considered Bio/Nature inspired 
routing protocols. Among their common features are: multi 
paths discovery and probabilistic distribution of data traffic on 
these multi paths to achieve better performance. 

The proposed Predictive Energy Efficient Bee-inspired 
Routing protocol PEEBR by [1] was inspired from the honey 
bees food search process. Particularly, the two essential 
groups of bees involved in food source discovery are: The 
scouts and the foragers. PEEBR inspired by the ABC model is 
an algorithm for path selection optimization based on energy 
prediction and consumption efficiency as well as mobile nodes 
battery residual power maximization in MANETs in order to 
increase the network lifetime. 

IV. RELATED WORK 
Some recent research works have emerged for solving the 

MANET’s routing problem and are inspired from the natural 
bee’s behavior as discussed in the following sub-sections. 

A. Bee-IP routing protocol 
Giagkos and Wilson in [15] have introduced a new bee-

inspired routing protocol Bee-IP for MANETs. They have 
highlighted the ability of bees to evaluate routing paths by 
considering several quality factors. BeeIP has used cross-
layering by obtaining parameters from the lower physical 
and MAC layers to feed to the core of the protocol. Then, 
the artificial bees could be able to make predictions about 
the link's future performance.  

In BeeIP, every time there is a need for a link to be 
established, the source node will behave as being the hive, 
the destination node will behave as being the source of food, 
and all the intermediate nodes will constitute the path that a 
forager bee needs to traverse while flying from one endpoint 
to the other. 

The BeeIP model uses three types of agents in the form 
of data packets: The scouts, the Ack scout, and the forager. 
• Scout: Sent when a scouting process is initialized in 

order to discover new paths towards a given destination 
every time there is a new request from the upper layer 
and previous routing knowledge is unsatisfactory. A 
scout is transmitted using broadcast to all neighboring 
nodes. This technique benefits not only from the 

propagation of the initial request, but also the 
introduction of the transmitting node to its 
neighborhood. 

• Ack scout: Once the scout reaches its destination the 
scouting is considered successful and an Ack scout 
packet is created. Ack scouts use a source routing 
fashion to travel back to the source, using unicast 
transmission. Therefore, the route that was followed 
towards the destination is used in reverse. On their way 
back, Ack scouts acknowledge the success of the 
scouting to both the intermediate nodes and the source 
node. 

• Forager: When BeeIP is unable to transmit a data 
packet, it stores it into a local queue and starts a new 
scouting process for its destination. This decreases the 
packet loss due to incomplete routing information. Once 
an Ack scout returns back and acknowledges the 
existence of a path, all packets for the corresponding 
destination in the queue are being transmitted. Foragers 
are specially crafted packets that have three important 
roles: Firstly, they carry (in form of payload) the data 
packets from the source to the destination. Secondly, 
they are used to update neighboring nodes' states and 
links' information like scouts. Thirdly, foragers are 
constantly monitoring the path they traverse for any 
improvements. They collect the differences between the 
local reliability levels, calculated by using the current 
forager, and the local reliability levels calculated by the 
previous forager's visit, and report the summation back 
to the hive. The summation represents the total 
reliability level of the path, hence, the global reliability 
level. 

B. BeeHive Routing Protocol 
Wedde, Farooq, and Zhang  in [16] introduced a novel 

routing algorithm called “BeeHive” inspired by the 
communicative and evaluative methods and procedures of 
honey bees. In this algorithm, bee agents travel through 
network regions called foraging zones. On their way, their 
information on the network state is delivered for updating the 
local routing tables. BeeHive was fault tolerant, scalable, and 
relies completely on local, or regional, information, 
respectively. They have also demonstrated through extensive 
simulations that the reactive BeeHive routing protocol 
achieves a similar or better performance compared to state-of-
the-art Mobile Ad-hoc Networks routing algorithms such as: 
AODV, DSDV and DSR. 

In BeeHive algorithm as shown by figure 3, the bee’s 
colony architecture consists of three main exploitation floors 
as described below: 
1) The entrance floor: At this floor the scouts come back to 

the hive (from their exploration phase). This is the 
interface to lower level (MAC layer). 

2) The dance floor: This is the floor where the dance takes 
place. The foragers update the routing information of 
hive’s bees (node). 
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3) The packing floor: This floor is where the worker bees 
come back with honey to be packed (path control 
information to update tables). It is responsible of 
interacting with higher level layer (transport layer). 
 

 
Fig. 3 An example of bee agents flooding in BeeHive routing from 

[16] 
 

C. BeeAdHoc Routing Protocol 
H. F. Wedde et al. in [17], then presented a new routing 

algorithm for MANET which is also inspired by the honey bee 
behavior called BeeAdHoc. The algorithm is simple and 
mainly needs two types of messages for routing: the scouts: 
They discover on-demand new routes to the destinations. 
Then, the forgers: which transport data packets and 
simultaneously evaluate the quality of the discovered routes. 
The BeeAdHoc routing considers each node in the network as 
a hive. Each node periodically sends out bee agents: Scouts to 
explore the network and collect information about any 
available food sources regardless of their quality. The 
exploration process achieved by the scout bees could be 
described and mapped onto the following steps in MANET: 
Scouts are broadcasted. A TTL (Time To Live packet) is set 
for each Scout. Then, Scouts take a backward journey to the 
source (hive) on the same route. At last, Scouts recruit 
foragers when they are back to the hive by dancing to guide 
them to the food direction (angle) from the hive. The 
BeeAdHoc protocol considers the dance floor as the routing 
table where the bee agents provide the information about the 
quality of the path they have traversed. Then the exploitation 
process will be achieved by the foragers and the main 
workers. Foragers receive data packets from the transport 
layer (provided by the scouts) and after determining the path 
quality, they deliver it also by dance to the main workers. 
Finally, the main workers who receive packets from the 
transport layer (foragers) are recruited by the foragers such 
that every worker has a food source. 

It is noteworthy to mention that Beehive and BeeAdHoc 
routing protocols have not utilized the BCO optimization 
model in their mechanism or network parameters 
optimization. 

 

V. THE IMPROVED PREDICTIVE ENERGY EFFICIENT BEE-
INSPIRED ROUTING (PEEBR) ALGORITHM 

In bees search process, there are three main phases: First, 
the scouts seek out all potential food sources which is 
equivalent to finding all potential MANET routing paths. 
Then, the foragers assign each discovered food source (routing 
path) a certain probability according to its quality (nectar 
amount) interpreted as the link cost for MANET. Finally, the 
worker bees collect the nectar from the food source with the 
highest quality according to the qualification probability 
assigned by the foragers which is equivalent to the optimal 
path selection according to its quality to communicate the data 
stream of packets on it in MANETs. 

The optimal path selection is based on two main 
parameters: The average energy consumed by all nodes along 
each potential path and the nodes average battery residual 
power together with the hop count. These parameters reflect 
the path goodness assigned by forager bee agent. The path 
with the highest goodness ratio should be considered as the 
optimal path. In PEEBR, the optimal path discovery process 
from source ns to the destination node nd could be described as 
follows: 

A. The Scout Bee 
Source node ns, in order to route efficiently its packets to a 

destination node nd, floods a “Scout packet” associated with a 
TTL (Time-To-Live) to all j neighboring nodes. For each 
“Scout cycle”, each “Scout” flies over one of the j potential 
routes Rj until it reaches destination node nd. 

If the TTL packet expires, the “Scout” bee agent packet 
will die indicating failure to reach destination to the source 
and the corresponding routing path will be avoided. 

When a bee agent reaches the destination node nd, it is sent 
back to its source ns through the same traveled route. The 
backward packet from destination node nd to source node ns, 
“Scout packet”, collects the potential route’s routing 
information. It counts number of hops h(Rj).Then, it collects 
each route nodes residual battery power B(nji) where i=1 to Nj 
nodes and j=1 to M paths. Finally, it memorizes the amount of 
receiving power consumed. 

B. The Forager Bee 
At the source node ns, the ”forager” evaluation process 

starts by calculating the predicted amount of energy to be 
consumed for each “Backward Scout” discovered route. Each 
potential route cost  is calculated for each route  
dependent on its hop count h(Rj), its  nodes residual battery 
power B(nji) and its expected amount of receiving power 
consumed using expression (6). 

The “Forager” associates a fitness value  and a 
goodness ratio of each route  as deduced from (7) and 
(8). At the end of each foraging iteration, each potential path 
nodes battery residual power  should be decayed 
exponentially as computed by (9) to reflect the real world’s 
energy consumption. 

Therefore, the optimal route Ro between ns and nd is the 
route with the maximum goodness ratio as given by (10). 
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The other potential routing paths are memorized by source 
node ns (for a time interval in communication) in order to be 
used if any failure occurred during transmission on the 
optimal route Ro but with respect to their goodness ratio. 
Finally, a new “Scout cycle” is launched until the maximum 
number of iterations is reached or a minimal fitness value. 

A fault-tolerant and efficient routing protocol is the one 
that encounters the energy consumption among the other 
routing information collected before choosing a path and 
starting transmission. The Bee Colony Optimization BCO 
model is used by this research in order to employ artificial bee 
agents that travel from the source node to the destination. The 
bee agents travel on all potential paths, collect energy 
information about all the nodes along the path, predict the 
amount of energy that will be consumed while routing and 
choose the optimal path. The energy information about a path 
should reveal: 

• Each node’s battery power residual: if it is below a 
certain predetermined threshold, then the whole path 
cannot be selected to transmit the data packets 

• The total energy to be consumed by the path nodes: 
This parameter will indicate the efficiency of the path 
from energetic point of view, in order to route the 
packets over the path that consumes less energy. The 
path that consumes less energy is often with the least 
number of hops since it will pass by the least number 
of nodes. 

Therefore, the proposed Predictive Energy-Efficient Bee 
Routing (PEEBR) is assumed to be a reactive routing 
algorithm that enables a source node to discover the optimal 
path to a destination node based on the expected energy to be 
consumed during packets reception and the path nodes 
residual battery power.  

However, PEEBR algorithm could not benefit of the Bee 
Colony Optimization (BCO)’s food source position 
optimization functions for the following reasons: 

• The nodes random mobility. 
• The reactive nature of the protocol that avoids an 

inefficient overhead that may be caused by the 
intention to save and update all paths to all nodes in 
MANET which results in an inefficient utilization of 
the MANET’s resource: the nodes memory and 
power. 

In the table 1, the inspired BCO model’s elements are 
mapped to the PEEBR’s algorithm elements together with 
their optimization interpretation in order to clarify the inspired 
parts of the BCO model including: 

• The fitness function.  
• The probability associated with each potential path. 

 
 
 
 

 

TABLE 1. MAPPING ABC MODEL ONTO PEEBR ALGORITHM’S 
OPTIMIZATION PARAMETERS 

BCO PEEBR Optimization 
Food Source Position Path between a 

source node & 
destination 

Possible 
solution to 
optimize 

Amount of nectar Average path nodes 
residual power 

Solution 
quality 

Number of employed bees Number of potential 
paths 

Number of 
solutions 

  

Cost Function 

 
 

Fitness 
Function 

 Nj Number of 
nodes along 

route Rj 
 

SN Sources Number M paths Number of 
Solution 

 
 

Probability of 
solution 

 
The generic expression used to calculate E(p) the energy 

required to transmit a packet p in equations (1) to (5) as  in 
[19]. E(p) in joules (or milli-joules) is given by (1): 

   (1) 

Where i represents the current consumption, v is the 
voltage used and tp is the required time in seconds to transmit 
a packet given by (2): 

   (2) 

Where ph is the packet header size and pd is the packet data 
size (both in bits). Then, the energy consumed by the node  in 
transmit mode Et(p) is given by (3), while the energy 
consumed in reception mode Er(p) or in overhearing mode 
when the node overhears the packets exchanged within its 
range are given by (4): 

   (3) 

 (4) 

Therefore, the total amount of energy consumed at a nod ni 
is calculated by (5): 

        (5) 

On the other hand, all nodes residual power  was 
initiated using a random value generation in a range from 
1000 to 3000 joules. PEEBR’s cost function combining the 
hop count  between a given source and destination nodes 
pair and the average predicted energy consumption  as 
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path minimizing parameters while the average path nodes 
battery residual power  as maximizing parameter are 
given by (6). 

  (6) 

Where  is the number of nodes on a potential path  
among M potential paths between the source and destination 
and the path index j=1,..,M. Then, the path fitness  
could be computed using (7). 

   (7) 

Therefore, the path goodness  could be computed 
using (8) 

   (8) 

In order to test PEEBR’s performance, it was run on 
Tmax=100 iterations. The nodes battery residual power  
was decayed to reflect the real world’s as given by (9): 

     (9) 

Where  is the initial node battery residual power, t 
is the iteration number and τ is a time constant. Finally, 
PEEBR termination conditions were: reaching the maximum 
number of iterations Tmax or a minimal predefined fitness 
value. The resulting optimal path Ro is the path with the 
highest goodness ratio that is given by (10): 

Ro= arg maxj {G(Rj)}               (10) 

VI. SIMULATION AND RESULTS 
In order to evaluate the proposed Predictive Energy 

Efficient Bee-inspired Routing PEEBR, a self-made simulator 
using Visual C++ was used to simulate its performance. Since 
the MANET’s critical resource to be efficiently consumed and 
saved while routing is the nodes battery power, PEEBR’s key 
parameters are: The average energy consumption and the 
routing path nodes batteries residual power. 

Table 2 shows the mapping of Bee Colony Optimization 
BCO parameters on the proposed routing algorithm PEEBR. 
These parameters include the colony size that is MANET size 
(number of nodes), the number of food sources mapped into 
the number of solutions (potential paths) and the number of 
trials interpreted by the number of iterations before program 
termination by discovering the optimal path among all 
potential paths.  

 
 

TABLE 2. MAPPING BCO CONTROLLING PARAMETERS ON PEEBR 
EXPERIMENTS 

BCO Parameters MANET Parameters Value 
Colony size Number of nodes 7 

Number of food 
sources 

Number of potential 
paths 

6 

Number of trials Number of iterations 50 

 
The nodes battery residual power was randomly generated 

for the first iteration within a range from 1000 to 3000 joules 
then decreased according to expression (9) for the rest of 
iterations. According to the MANET graph in figure 4, there 
are six potential paths between the source node 3 and the 
destination node 5 as shown and discussed by table 3. 

 

 
Fig.4 Example of PEEBR path selection between node 3 and node 5 

 
In table 3, there are six potential routing paths discovered 

by PEEBR’s scouts from source node 3 to destination node 5 
in a MANET of 7 nodes. Then, PEEBR’s foragers have 
assigned each potential path a goodness ratio  based on 
the number of hops between the source and the destination, 
the energy consumption amount predicted to be consumed by 
the path nodes and the path nodes battery residual power. 
These collected values will reflect the path’s fitness. 

 Although there are three paths with 3-hops between 
source node 3 to destination node 5 as shown by figure 4, only 
the path R1:(3,0,2,5) was selected by PEEBR algorithm as the 
optimal fittest path between node 3 and node 5 since it 
achieves the least not only hop count but also expected energy 
consumption and its nodes contain the maximum average 
battery residual power for 50 iterations. 
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TABLE3. PEEBR PATH SELECTION OPTIMIZATION BETWEEN NODE 3 AND NODE 5 

 
 
 
 
 
 
 
 
 
 

 
 
 
 
 
 
 
The impact of increasing the number of nodes in MANET 

on the average energy consumed in milli-joules was studied in 
[20] as shown by figure 5. The state-of-art routing protocols 
such as the proactive DSDV and the reactive AODV 
compared to the bee-inspired PEEBR protocol showed similar 
and competitive average energy consumed at smaller MANET 
sizes as 10 and 20 nodes. Then for 30 nodes MANET, their 
average energy consumption increases compared to PEEBR 
which reveals PEEBR’s stability and energy consumption 
efficiency. On the other hand, the hybrid ZRP protocol 
achieved less average energy consumption for 10 nodes 
MANET, then similar to other protocols at 20 nodes, but 
increased dramatically for 30 nodes MANET. 

 

 
Fig. 5 Impact of varying number of nodes on energy consumption by 
state-of-art routing protocols compared to PEEBR 

On the other hand, PEEBR’s energy consumption 
efficiency was compared to another recent bee-inspired 
routing protocol: BeeAdHoc [17]. Figure 6 [20] shows the 
impact of increasing the MANET’s number of nodes on the 
energy consumed in transporting one kilobyte of data to its 
destination which includes the energy consumed for both data 
and control traffic as defined by [18]. At 10 nodes, PEEBR 
consumed less energy than BeeAdHoc. Then, at 25 nodes, 
PEEBR’s energy consumption is slightly higher by 0.09 
mJ/KB than BeeAdHoc. 

 

 
 

 
 
 

 
 
 

 

Fig. 6 Impact of varying MANET number of nodes on energy 
consumption by the bee-inspired BeeAdHoc compared to PEEBR 

 

VII. CONCLUSION AND FUTURE WORKS 
In this paper, the performance of the reactive Predictive 

Energy Efficient Bee-inspired Routing PEEBR previously 
proposed in [1] and improved in [20] and its path selection 
optimization algorithm were discussed. An example of 
PEEBR’s path selection optimization between a certain source 
and destination illustrated PEEBR’s mechanism. Then, 
PEEBR’s average energy consumption was measured up to 
some state-of-art routing protocols such as the reactive 
AODV, the proactive DSDV and the hybrid ZRP. Finally, 
PEEBR’s energy consumed per data measured in mJ/KB was 
weighted against another bee-inspired routing protocol that is 
BeeAdHoc [17]. The simulation results have shown that 
PEEBR is an energy efficient stable routing algorithm. 

The future work for this research includes evaluating 
PEEBR’s performance for other MANET performance 
parameters including: Packet Delivery Ratio PDR and end-to-
end delay. 
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R2: (3,4,1,0,2,5) 5 13710.9 J 1.10861e-005 0.999989 
 

R3: (3,6,4,1,5) 
 

4 12210.8 J 1.19971e-005 
 

0.99999 

R4: (3,4,1,5) 
 

3 8692.4 J 1.04919e-005 0.99999 
 

R5: (3,0,1,5) 3 8645.34 J 1.0549e-005 0.999989 

R6:(3,6,4,1,0,2,5) 6 17229.3 J 1.05866e-005 0.999989 
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Abstract—In this paper, we propose the use of blind relays
for Broadcast Cooperative Networks. Blind relays don’t require
the Channel State Information (CSI). The considered network is
composed of a single source S and N destinations. In the first
transmission phase, S broadcasts a message to N destinations Di

where i = 1...N . These nodes are then divided in two subsets :
the set R of reliable Nr destinations composed of nodes having an
SNR (Signal to Noise Ratio) greater than a predefined threshold
T and the remaining unreliable nodes U composed of Nd nodes.
In the second transmission phase, a single relay is selected in
the set of reliable destinations R to amplify the signal to the
remaining set of unreliable destinations. In this project, reactive
relay selection is suggested where the selected relay offers the
highest cumulative instantaneous SNR of the second hop.

Keywords: Broadcast cooperative networks, Blind relays, relay
selection

I. INTRODUCTION

Cooperative communications are used in wireless networks
in order to benefit from spatial diversity and improve the
quality of service. Using multiple hops, the average SNR
(Signal to Noise Ratio) at the destination can be increased
for a fixed power spent by all nodes. Using multiple branches,
the diversity order is increased since the destination combines
received signals from different relays. 1 Cooperative commu-
nications has been first applied to networks composed of a
single source and a single destination [1-9]. In such networks,
the relays help the source when delivering the message to the
destination. Amplify and Forward (AF) [1-2] and Decode and
Forward (DF) [3-5] are the most used relaying protocols. In
AF, each relay amplifies the received signal using an adaptive
or fixed gain. When the amplification gain is fixed, we call
it blind relay since it does not require the Channel State
Information (CSI) of the first hop [10]. Otherwise, we call it
conventional AF relay since the amplification gain depends on
the CSI of the first hop. Another possibility is to use semi blind
relays where the amplification gain depends on the channel
statistics [10]. In DF, the relay decodes and regenerates the
signal. These two relaying protocols can be implemented using
either all participating relaying or relay selection techniques.
Different relay selection techniques have been considered such
as Opportunistic AF (O-AF) [6-8], Opportunistic DF (O-DF)
[9], Partial Relay Selection (PRS) [11] and Reactive Relay

1This work was supported by the Research Center of College of Computer
and Information Sciences, King Saud University, underGrant No. RC140210.
The authors are grateful for this support.

Selection (RRS) [12]. In O-AF, the selected relay offers the
highest end-to-end SNR which depends on the SNR of the
first and second hops. In O-DF, the selected relay should
have correctly decoded and offers the highest SNR of the
second hop. In PRS, the selected relay offers the highest SNR
of the first hop whereas in RRS it offers the highest SNR
of the second hop. There are two possible implementations
of all participating relaying. The first one require multiple
orthogonal channel resources for source and relay transmis-
sions which reduces the system spectral efficiency. The relays
transmit over orthogonal channels (time slots, frequencies,...)
and the destination combines these signals using Maximum
Ratio Combining (MRC). The second implementation uses
Distributed Space Time Coding (DSTC) [13-18] and offers
a high spectral efficiency since transmissions are made over
the same channel. DSTC is an extension of STC to cooperative
networks. It requires some signalization to form the space
time code matrix. The relays inform the source if they have
correctly decoded. Then, the source sends some signalization
to the relay to inform them about the used space time code
matrix and the allocated line in this matrix. In case where
two relays are transmitting, the Alamouti code can be used.
Reactive relay selection for cognitive radio networks has been
suggested in [12,26-27]. The selected relay should generate
an interference to primary receiver lower than a predefined
threshold. Reactive relay selection using Decode and Forward
relaying has been proposed in [28-29] for cooperative systems
containing a single destination. Reactive relay selection has
not been yet applied for broadcast networks which is the
main objective of this paper. Some papers studied broadcast
cooperative networks[19-25]. The number of required retrans-
missions to deliver a message in a cooperative network has
been analyzed in [19]. The source retransmits the message
until it is correctly received by at least one receiver. Then,
these receivers cooperate by transmitting the message to the
remaining nodes during different time slots. Relay selection
has not been considered in [19]. The proposed protocol in
[19] offers a low spectrum efficiency since multiple orthogonal
channels are used. In [20], the propagation of a message
in a cooperative network is studied. The source message is
retransmitted by multiple stages of relays using amplify and
forward relaying. At each node, cooperation is obtained by
combining the signals of different levels of relays. Relay se-
lection in broadcast networks has not been considered in [20].
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In [21], relay selection is proposed for broadcast bidirectional
cooperative networks. A network composed of two sources and
multiple relays was considered. The selected relay maximizes
the end-to-end maximal achievable rates in both directions.
However, blind and semi blind relays were not considered in
[21]. In [22], the power and transmission order of nodes is
optimized for a cooperative broadcast network. The source
make the first transmission and the other nodes retransmit
the message using orthogonal channels. MRC combination of
different received signals is performed and the decoding is
assumed to be successful if the SNR is larger than a predefined
threshold. In [23], a broadcast network composed of one
source, L destinations and M relays is studied. Opportunistic
DF is considered. A subset of relays that are able to decode
is first formed. Then, the relay that offers the highest channel
gain toward the destination is selected. The channel gains of
both the first hop (source to relay) and the second hop (relay to
destination) are required. The achievable diversity multiplex-
ing delay tradeoff is investigated in [24] for broadcast coop-
erative networks. The channel gain of the first hop is required
to decode the packet. No relay selection was considered and
the relays use space time coding during the cooperation phase.
In [25], a single relay selection technique has been proposed
for broadcast networks. Opportunistic AF, opportunistic DF
or Partial relay selection were used. These relay selection
technique require channel estimation of the first and second
hop. In this paper, we propose the use of blind relays which has
not previously considered for broadcast cooperative networks.
When blind relays are used, the amplification gain is fixed and
does not depend on the channel characteristics of the first hop.

The paper is organized as follows. The next section presents
the system model. Section III presents three relay selection
techniques for broadcast cooperative networks. Section IV
gives some simulation results. Section V draws some con-
clusions.

II. SYSTEM MODEL

As shown in Fig. 1 we consider a cooperative network
composed of a source S and N destinations Dk k = 1...N .
Fig 1.a shows the first transmission phase where S broadcasts
the signal to N destinations. In the first phase, the received
signal at any destination can be written as :

ySDi =
√

EShSDix+ nSDi , i = 1...N (1)

where x is the transmitted symbol, ES is the source trans-
mitted energy per symbol, nSDi (resp. hSDi) is the noise (resp.
channel coefficient) between S and Di. The received SNR can
be written as

γSDi =
ES |hSDi |2

N0
, (2)

Fig1.b shows that these destination are divided in two
subsets: the set R composed of Nr reliable nodes and the
set U containing the remaining Nd nodes. Reliable nodes
have an SNR greater than T whereas the remaining unreliable

 

Fig. 1. System model.

nodes verify γSDj < T ∀j ∈ U . Fig 1.c shows that a single
relay Rio is selected in the set R to amplify the signal to
remaining unreliable nodes. The selected relay amplifies the
signal using a fixed gain G regardless of the fading coefficient
of the first hop which is known as nonregenerative systems.
The equivalent end-to-end SNR at Dj can be written as [10]

γSRi0Dj =
γSRi0γRi0Dj

C + γRi0Dj

(3)

where
C =

ERi0

G2N0
(4)

The proposed selection technique is different from [25 ] in
the following points :

- The amplification gain used in [25] depends on the channel
gain of the first hop but in this project, the amplification gain is
constant or depends on the channel statistics. The used relays
in [25] require an estimation of the channel gain to amplify
the signal or decode it. In this project, blind and semi blind
relays will be used.

- In this paper, the SNR at the destination is given by (3) and
(5) and is different from [25] since a different amplification
factor is used. Therefore, the theoretical analysis given in [25]
is not valid and we have to perform a new theoretical analysis
since blind and semi blind relays are used.
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III. RELAY SELECTION TECHNIQUES

A. Relay selection using the average SNR

The selected relay maximizes the number of unreliable
destinations with an average SNR larger than T :

Ri0 = argmax
Ri∈R

∑
Dj∈U

H(γSDj
+ γSRiDj

− T ) (5)

where H is the Heaviside function.

B. Relay selection using the instantaneous SNR

The selected relay maximizes the number of unreliable
destinations with an instantaneous SNR larger than T :

Ri0 = argmax
Ri∈R

∑
Dj∈U

H(γSDj + γSRiDj − T ) (6)

C. Relay selection using Max Min SNR

The selected relay maximizes the minimum of SNRs at
unreliable destinations :

Ri0 = argmax
Ri∈R

min
Dj∈U

γSRiDj (7)

IV. SIMULATION RESULTS

Fig. 2 shows the average Bit Error Rate (BER) in all
destinations for different network topologies. The position of
the source and destinations are randomly chosen and varied
in a square with normalized distance equal to 1. The average
power of the channel coefficient of the link between any nodes
X and Y is modeled as follows

E
(
|hXY |2

)
=

β

dαXY

(8)

where α is the path loss exponent, dXY = deffXY /d0 is the
normalized distance between X and Y, deffXY is the effective
distance in meters, d0 is an arbitrary reference distance and β
is the path loss at the reference distance. In the simulation re-
sults, the following parameters were used : path loss exponent
α = 3, and β = 1.

Fig. 2 compares the performance of the proposed three relay
selection techniques. The first one (denoted average SNR in
Fig. 2) consists in maximizing the number of unreliable des-
tinations with average SNR larger than the threshold T which
was fixed to 3 dB during the simulations. The second one
(denoted instantaneous SNR in Fig. 2) consists in maximizing
the number of unreliable destinations with instantaneous SNR
larger than the threshold T . The last one maximizes the
minimum of SNRs at unreliable nodes (max min SNR). We
observe that this last relay selection technique offers the best
performance.
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Fig. 2. Average BER at the different destinations for a threshold T equal to
3 dB.

V. CONCLUSIONS

In this paper, we have proposed three relay selection
techniques for broadcast cooperative networks using blind
relays. Blind relays have not been yet used in broadcast
networks. They don’t require to estimate the channel since
the amplification gain is constant. In the studied network, the
destinations are divided in two subsets : unreliable nodes with
an SNR lower than T and reliable ones. A single relay is then
selected in the set of reliable destinations to amplify the signal
to the remaining nodes. We have shown that relay selection
techniques maximizing the minimum of SNRs at unreliable
destinations offers the best performance.
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Abstract—Wireless Sensor Networks provide tremendous 

benefits for a huge number of civil and military issues. Like all other 
networks, they are exposed to malicious attacks. However, due to 
their simplicity structured (CPU & memory) they need special 
procedures to deal with those attacks. This research focuses on the 
attacks that aimed to the power resources which are referred as 
Denial of Sleep attacks. In addition, a simple algorithm proportion 
with nodes hardware simplicity is proposed. This algorithm detects 
and mitigates denial of sleep attacks. Finally, OMNet++ is used to 
simulate and evaluate this suggested defence mechanism. 
 

Keywords— WSN, DoS, MAC, Security.  

I. INTRODUCTION 

HE usage of wireless sensor networks (WSNs) is 
increasing rapidly in a variety of application areas, 

including industrial automation, security, weather analysis, 
and a broad range of military scenarios. Therefore, security 
cannot be ignored in designing these systems and it is a 
priority issue. One of the major security threats is denial-of-
sleep attack, which is a specific type of denial-of-service 
(DoS) attack that attacks nodes' power sources and exhausts 
their constrained resource [1]. With such attack, network life 
time can be reduced from several months or years to few days. 
Generally, there are four categories of MAC protocols due to 
their organizing access to the shared radio channel (random, 
slotted, frame and hybrid).  In this paper, one protocol from 
each category was explored. These protocols are S-MAC, T-
MAC, B-MAC, L-MAC, and Crankshaft. After reviewing 
sources of energy loss in sensor networks in section III, 
section IV describes each protocol briefly. MAC Energy 
Module, Denial of sleep attacks, and MAC protocols DoS 
vulnerability are outlined in section V, VI, VII respectively. 
Then, we proposed a defence algorithm and illustrated it in 
section VIII. Finally in section IX, we evaluated the suggested 
defence mechanism though simulation and we offered 
conclusions in section X.  

II. RESEARCH METHOD 

This research has been done using OMNeT++ (Objective 
Modular Network Testbed in C++) [2]. Its primary application 
area is the simulation of communication networks. However, 
due to its generic and flexible architecture OMNeT++ is 
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successfully used in other areas like simulation of complex IT 
systems, queueing networks or hardware architectures as well 
[2]. Although OMNeT++ is not specialized for WSN itself, 
there are many extensions, frameworks and simulators for 
WSN based on OMNeT++. MiXiM framework which has 
models for B-MAC and L-MAC is used [3]. Also Castalia 
framework [4] is used for S-MAC and T-MAC models and 
λMAC framework [5] for Crankshaft model. 

III. SOURCES OF ENERGY LOSS 

Power source limitation in WSN does not allow standard 
IEEE 802.11 (CSMA/CA) protocol that was developed for 
Wireless LANs to be used [6][7] because it has a hug energy 
wasting caused by:  

Collisions: packets collisions in wireless medium cause 
energy wasting. When a transmission of sufficient signal 
strength interferes with a data packet being sent, the packet 
will reach the receiving end corrupted. Although senders are 
using random back-off within a contention window, collisions 
can still occur because of the switch time between carrier 
sense and transmit takes. Therefore, recovering corrupted data 
using usual technics adds transmission overhead and increases 
transmitting time. This increasing of sending time requires 
additional power consumption. 

Idle listening: MAC protocol cannot tell when a message 
will be sent, so the radio should be turned on all the times 
otherwise some data would be lost. While data transaction 
does not need all the bandwidth, thus MAC protocol wasting 
plenty of time monitoring (listening) channel for potential 
transmission. Power consumption in listening while waiting 
for a transmission is called idle listening. 

Control Packet Overhead: Control messages and MAC 
headers consume energy proportionally with their length. In 
WSN the tinny payload makes the overhead considerable 
because the node has to stay awaked extra time for 
transmitting or receiving overhead.  

Overhearing: Overhearing loss refers to the energy wasted 
when a node receives messages that concern its neighbors 
only. Most WSN MAC protocols try to reduce overhearing by 
switching nodes to the sleep mode when there is no traffic 
destined for it.  

Traffic fluctuations: Most WSNs have (event-based 
reporting). Hence, the sudden peak in traffic raises the 
probability of a collision and enforces the use of long 
contention window. Consequently much time and energy are 
spent on. 
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IV. WSN MAC PROTOCOLS 

WSN MAC protocols can be grouped into four categories 
according to how nodes organize (or not) access to the shared 
radio channel [8]. Those categories are: 

Random: Nodes may access channel whenever it is free. 
This provides flexibility to add new nodes to network and to 
handle variant traffic loads. In addition, clocks 
synchronization is not a requirement. However these class 
wastes a lot of energy on idle listening and collisions. 

Slotted: Nodes make their transceivers follow common 
(sleep-active) pattern in order to save energy. Time domain is 
divided into several recurrent time slots so nodes activate their 
transceivers at the beginning of each slot to process the 
transmission. On the other hand, grouping communication in 
the small active part of a slot increases the possibility of 
collisions. 

Framed: MAC protocols of this class divide time into slots 
and gather them as frames. Each node is scheduled precisely 
to transmit in a specific slot. This approach reduces the 
collisions, idle listing, and overhearing. 

Hybrid: Protocols of this class combine the strengths of 
both random and frame-based access. Therefore they have the 
flexibility of random access and the collision-free nature of 
framed-based access. 

In this paper, one protocol of each mentioned catenaries is 
considered. These protocols are B-MAC, T-MAC, L-MAC 
and Crankshaft. 

 

A. B-MAC 

B-MAC (Berkeley Media Access Control), which has been 
developed at University of California Berkeley, can be 
classified as a random access protocol. It uses the low power 
listing (LPL) technique to reduce energy consumption, [9]. 

The sending and receiving processes in B-MAC are 
illustrated in Fig. 1. As shown, each node awakes at a fixed 
interval (Ti) and checks for valid preamble bytes that indicate 
a pending data transmission. When a node has a message to be 
sent, it transmits a preamble announcing neighbors to be 
prepared to receive data. This preamble should be longer than 
the check interval (Tpremble >Ti) in order to give all nearby 
nodes an opportunity to detect the preamble and receive the 
next data packet. 

 

Fig. 1 B-MAC main process. 
 

The interval between channel sampling, or the check interval 
(Ti) is set based on the network nodes count average and 
traffic levels [10]. Polastre et al. proved that under ideal 
conditions B-MAC could have a duty cycle as low as 1% in a 
low-traffic network [10]. 

B. T-MAC 

Timeout MAC (T-MAC) is considered as slotted MAC 
protocol. T-MAC is an enhancement of S-MAC protocol. 
Similarly to S-MAC, T-MAC sensor nodes organize 
themselves into virtual clusters using periodic broadcast 
synchronization (SYNC) messages. Upon starting up, a node 
tries to listen for a SYNC message. If it does not hear any 
before timeout, it announces its sleep cycle by broadcast a 
SYNC message. When nearby nodes overhear this message, 
they synchronize their schedules to the sending node. To 
correct time drift and to keep virtual clusters’ sleep cycles 
synchronized, the SYNC messages are repeated periodically. 
In case of a node overhears two SYNC messages, it will adapt 
both duty cycles to maintain network connectivity. However, 
while S-MAC uses a fixed duty cycle with a default of 10%, 
during which traffic is exchanged between nodes, T-MAC 
concentrates all the traffic at the beginning of duty cycle by 
making the active period adaptive to data size[11], as shown 
in Fig. 2. 

 

Fig. 2 duty cycle for S-MAC vs T-MAC. 
 

Therefore, when there is no more traffic in the cluster, an 
adaptive timeout (TA) mechanism allows nodes to transition 
to the sleep mode instead of remaining awake for the all set 
period. In [11], VanDam et al. set TA based on the longest 
time that a hidden node would have to wait before hearing the 
beginning of a CTS response message as: 

TA = 1.5 × (C + R + T)  (1) 

Where C is the length of the contention interval, R is the 
time to send an RTS packet, and T is the time between the end 
of an RTS packet and the beginning of a CTS packet. In [11], 
it has been shown that T-MAC has up to five time increase in 
the network lifetime over S-MAC 

C. L-MAC 

Lightweight Medium Access Protocol (L-MAC) is a frame 
based protocol introduced by van Hoesel and Havinga [9]. A 
network that uses L-MAC protocol is self-organizing in terms 
of time slot assignment and synchronization. L-MAC protocol 
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uses Time Division Multiple Access (TDMA), where each 
time slot is assigned to a sensor. In this manner, the nodes can 
communicate without collisions after the network got 
stabilized. Therefore it provides energy efficiency. 

 
 

Fig. 3 Frames structure in L-MAC. 
 

 
Fig. 4 Phase diagram for L-MAC node. 

 
Time in L-MAC is divided into slots and those slots are 

grouped into frames Fig.3. Each slot has two parts of unequal 
length Fig. 3: control message (CM) and data message (DM) 
with a small gap between them which allows the MAC layer 
to process the just received CM. The control messages are 
always transmitted in order to maintain synchronization. 
Control messages contents are (Identification, Current Slot, 
Distance to Gateway, Occupied Slots, Collision in Slot, 
Destination ID, and Acknowledgement). And data message 
part contains data that would be sent and it has a fixed 
maximum length (typically 255 bytes)[12]. During each 
frame, nodes can only transmit messages in their own time 
slot, and they can only receive messages during others. Thus, 
energy consumption is kept minimized. 

Upon deploying the network, nodes start with a setup phase 
where all of the nodes are unsynchronized. To achieve 
synchronization, one or more node will take initiative to start 
controlling the time slot and becoming a master node or 
gateway. When the control messages that are transmitted by 
the gateway are received by its one-hop neighbours, they will 
choose their time slots and start sending control messages to 
the other hops. The network will get stabilized once all nodes 
have got their reserved time slots. Then the nodes can 
communicate with each other without collisions [12]. Fig. 4 
shows the L-MAC progress phases: 

Initialization Phase: nodes start unsynchronized. They try 
to detect their neighboring nodes, if they find one they will 
synchronize with it and go to the wait phase. 

Wait Phase: to reduce number of nodes that pick up the 
same time slot and to reduce the probability of collision, nodes 
enter the wait phase. In this phase, a node waits for random k 
frames, where k is an integer number from the set 

S={0,1…,r}, where r is the maximum back off time. After that 
the node enters the discover phase.  

Discover Phase: in this phase, nodes compute free slot 
information based on the received control messages and 
register all the currently available slots in order to pick only 
among them. After that, each node selects one of the available 
slots randomly and enters active. This phase lasts for one time 
frame. 

Active Phase: a node can exchange messages in collision 
free manner after choosing a free time slot. However, if a 
collision occurs when two or more nodes are transmitting 
simultaneously, the neighboring nodes will detect that and 
send control messages to the collided nodes asking them to 
give up their time slots and go back to the wait phase.  

Furthermore, L-MAC protocol allows time slots to be 
reused at non-interfering distances in order to reduce the 
number of time slots that are necessary in the network. In [13] 
Ansgar Fehnker et.al proves that time slots can be reused 
safely after at least three hops. 

D. Crankshaft 

Crankshaft is a hybrid protocol designed by G.P. Halkes 
and K.G. Langendoen as efficient protocol in dense wireless-
networks [14]. 

 

 
 

Fig. 5 Exchange message in the Crankshaft protocol. 
 
Nodes, that using this protocol, are only awake to receive 

messages at a fixed offset from the start of the frame. This is 
similar to internal combustion engine mechanism where a 
piston firing is a fixed offset from the start of the rotation of 
the crankshaft. Therefore, overhearing in crankshaft nodes is 
minimized. In detail, crankshaft protocol divides time into 
frames, and each frame is divided into two type slots 
(broadcast slots and unicast slots). 

Unicast slot: A frame starts with all the unicast slots. Each 
node listens to one unicast slot every frame where a 
neighbouring node can send a message to it. That slot is 
determined by the node’s MAC address. Therefore, a node 
wanting to send a message knows precisely in which slot the 
destination will wake up. However, crankshaft uses a 
Data/Ack sequence for unicast messages, and the slot length 
in such that is long enough for the contention period, 
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maximum-length data message and acknowledgement 
message.  

Broadcast slot: in each frame, broadcast slots are followed 
by unicast slots where all nodes wake up to listen for an 
incoming message. So, nodes that have broadcast messages to 
be sent contend with each other to send their messages. 

Since the base-station or sink nodes are the destination for 
most traffic in the network, special provisions are made for 
them. Typically, the sink node is connected to either a much 
larger battery or the main power, which will allow it to spend 
more energy. 

Furthermore, synchronization is required to communicate 
using frame, and it can be achieved through a reference node 
(the base-station or sink node), or through a distributed 
algorithm like GSA [15]. This synchronization also increases 
energy saving because nodes have only to wake up for a small 
amount of time at a fixed offset from the slot's start and go 
back to the sleep mode if there is no transmission  belong to 
Fig. 5. The period between the start of the slot and the 
moment that the listening node turns on its radio is used to 
resolve contention.  

When a node wants to send a message in a particular slot, it 
chooses a moment in the contention window after listing for a 
short amount of time to detect other nodes contending for the 
same slot. If it does not hear a transmission for other nodes it 
starts sending a preamble to notify other nodes of its intention 
to send. After the receiving node has got the transmission 
notification and waked up, the sending node transmits the start 
symbol and the actual message. To achieve contention 
efficiency, the contending senders are only awake during the 
contention window, and only the winner of the contention 
awake for more than a short poll. Also to improve contention 
resolution, Crankshaft employs the Sift distribution [16] in 
choosing the moment to start sending.  

V. MAC ENERGY MODULE 

Energy model for MAC protocols consists of five 

consumption elements which are: txE  transmitting, rxE  

receiving, listenE listening, sensorE  sensing and sleepE sleeping 

energy, and they are measured in Millijoule. Then the total 
energy is given as: 

sensorsleeplistentxrx EEEEEE   (2) 

While IVTPTE ...  where T the total time, P the 
consumed power and V the battery voltage thus: 

)..

...(

sensorsensorsleepsleep

listenlistentxtxrxrx

ITIT

ITITITVE




 (3) 

Where sensorsleeplistentxrx IIIII ,,,,  are the current 

consumed in receiving, transmitting, listening, sleeping and 

sensing respectively. sensorsleeplistentxrx TTTTT ,,,, are the 

amount of time that a node has spent in receiving, 
transmitting, listening, sleeping and sensing state respectively. 

To estimate sensor life time, let activeP the total power in 

active mode equal: 

sensorlistenrxtxactive PPPPP   (4) 

sensorlistenrxtx PPPP   are the power consumed in 

receiving, transmitting, listening, and sensing respectively. Let 

sleepR  the sleep ratio: 

)/( sleepactivesleepsleep TTTR   (5) 

Where activeT  and sleepT  are active time and sleep time. Then, 

the active ratio activeR  will be: 

sleepactive RR 1  (6) 

Node’s lifetime can be given by dividing battery capacity 

batteryC  measured in mWh  on the consumed power in both 

active and sleep mode: 

))(1())(( activesleepsleepsleep

battery
sensor PRPR

C
T


 (7) 

Table (1) shows that the transmitting and receiving power 
can be up to three orders of magnitude greater than the sleep 
power. This difference between active cost and sleep cost 
leads to an exponential increase in sensor lifetime as sleep 
time increases. Therefore the sleep cycle should be 
maximized. However, an attack that may decrease the sleep 
time by a few degrees will reduce network lifetime 
dramatically. 

VI. DENIAL OF SLEEP ATTACKS 

Besides the classical denial of service attacks that target 
wired and wireless networks, WSN networks have a unique 
vulnerability due to their fixed energy capacity upon 
deployment. Generally, WSN nodes operate on two 
irreplaceable AA batteries. Therefore, a network lifetime 
depends on batteries capacities and total energy consumption. 
Malicious attackers can easily target the battery supplies and 
reduce network lifetimes from years to days. Thus, WSN 
nodes should incorporate the protection of the critical energy 
resource into the system architectures to achieve a secure 
system. 

In denial of sleep attacks, the attacker penetrates a device’s 
power management system to reduce the opportunities to 
transition into lower power states. The exposed wireless 
medium provides attackers with the ability to access a network 
without physically tapping into the system. Monitoring traffic 
flows allows the malicious attacker to obtain information from 
the packets and reuse it against the network. Defences against 
denial of sleep attacks in WSN involve protecting the power 
management mechanisms at the architectural level. In 
addition, defensive strategies implemented at the network link 
layer or MAC layer are the most effective in protecting radio 
usage because the transceiver on the WSN platform consumes 
the most energy and is the primary source for power 
management savings. 
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VII. DENIAL OF SLEEP VULNERABILITY 

The As mentioned in 6, traffic analysis can determine 
which MAC protocol is being used in a sensor network and 
enable the attacker to penetrate the network. In this section, 
some methods to achieve denial of sleep attacks on the 
considered MAC protocols in section IV will be presented: 

B-MAC: Sleep deprivation can be achieved on B-MAC by 
sending long preambles across all the sleep periods. All nodes 
in range will respond and wake up waiting for incoming data. 
Even though there is no data or the data may be discarded due 
to authenticating, the attacker could force nodes to extract 
their sleep period and increase power consumption. 

T-MAC: By sending malicious broadcast messages 
continuously, an attacker can force T-MAC network nodes to 
remain active to receive data which also would be dropped 
due to authenticating. Hence, sleeping periods are minimized 
and the power is consumed heavily. 

L-MAC: While L-MAC node can send messages in its time 
slot and only receives data on others, the attacker can keep the 
nearby node awaked by occupying all the free slots and 
sending broadcast messages. Then the neighbouring nodes 
will last longer in receiving mode. Thus, additional power is 
consumed. 

Crankshaft: Like attacks on B-MAC, an attacker can send 
long preambles continuously to keep the receiver awaked to 
receive the expected massage. In addition, an attacker can 
send broadcast messages in all broadcast slots. As a result, the 
attacked node will consume unexpected amount of power. 

VIII. PROPOSED DEFENCE MECHANISM 

There are many techniques against denial of sleep attacks 
such as Anti-replay [17] in case of an attacker tries to record 
the traffic and rebroadcast it. Jamming detection is another 
technique if an attacker uses some kind of jamming [18]. 
These methods become useless when an attacker applies a 
new intruding method.  

Our suggested model uses a detection mechanism with a 
simple defense technique and merges them with MAC's 
procedures. Fig 6 illustrates proposed detection and defense 
algorithm. This algorithm forces nodes to enter into deep sleep 
cycle when abnormal activities are detected. 

Abnormal activities can be detected by adding a register in 
MAC protocol to save constant value τ before deployment. 
This value refers to the limit of normal proportion of active 

time Activet to sleep time Sleept during predefine time CheckT . 

That is the condition )( SeepActive tt  indicates a normal 

case. However, when this condition is violated the deep cycle 

procedure is triggered. The deep sleep duration DeepSeept  is 

chosen randomly from the range ].
1

...2[ CycleCycle TT


where 

CycleT is the protocol duty cycle duration. Deep sleep duration 

DeepSeept  is set to be chosen randomly in order to prevent deep 

sleep pattern detection. When the deep sleep period is elapsed, 
the node continues its normal duty unless abnormal condition 
is violated again. 

  
 

Fig. 6 Proposed defense algorithm. 
 
This defense method saves node's power and make the 

attacker drains its power because the attacker cannot predict 
the deep sleep period due to its random selection. 
Consequently, the attacker will drain its power uselessly while 
attacking non-responding nodes and eventually its battery will 
run out. 

The most significant feature of this technique is its 
simplicity. It does not require complex processing or 
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remarkable power consumption. One the other hand, the 
attacked nodes which enter deep sleep mode will be excluded 
from the network temporarily and may affect data flow in the 
network. However, without this procedure the attacked part of 
the network will disrupted permanently. 

IX. SIMULATION SETUP AND RESULTS 

OMNet++, which is an open-source discrete event 
simulation environment, is used to estimate this algorithm 
with MiXiM, Castalia, and λMAC frameworks which contain 
implementations for S-MAC, T-MAC, B-MAC, L-MAC and 
Crankshaft protocols.  

For our experiments, we used a layout of a rectangular field 
includes 20 nodes and the base station is situated near one 
corner. We consider a periodic monitoring application which 
typical rates are in the order of 1-200 bytes per second [8]. 
Each node was set to emit 5 packets with a size of 100 bytes 
per second and to periodically send data to the sink node, 
which then processes the data or stores it for further 
processing. We have focused our simulations on power 
consumption and network throughput. Table I lists the 
simulation parameters, where Chipcon CC2420 transceiver is 
used. This scenario has been repeated for each previous 
described protocol in three cases: 

Table I. simulation parameters. 
Frequency 2.4 GHz 
Sleep Current 0.02 mA 
Tx Current 17 mA 
Rx Current 18 mA 
Battery capacity 1000 mAh 
data transmission rate 250 kbps 
Packet rate 5 Packet/S 
Packet rate 100 Byte 
τ 0.1 

Checkt  1 Sec 

simulation time 10 D 
Radio range  25 M 

 
Case 1 Normal Operation: 
The simulation has been executed in normal condition 

where there is no attack Fig. 7. The remaining power in each 
battery are averaged and shown in Fig. 9 and the network 
throughput average is set in Fig. 10. 

 
Fig. 7 simulation scenario layout in normal case. 

 
Case 2 Denial of sleep threat: 
The simulation was run in a hostile condition. We assumed 

that there were three malicious nodes located as shown in Fig. 
8. We reprogramed each considered MAC protocol model to 
perform attacks that described in section VII. Then we 
implemented the malicious code in the attacking nodes.  

  

 
Fig. 8 simulation scenario layout in abnormal case. 

 
This new scenario was run for each of S-MAC, T-MAC, B-

MAC, L-MAC and Crankshaft protocols with the three 
corresponding attackers. Remaining battery average and 
throughput are gathered and shown in Fig. 9 and Fig. 10 
respectively. 

  

  
Fig. 9 remaining power in batteries. 

 
Case 3 threat with enhanced protocols: 
We applied the proposed defense algorithm to each MAC 

model and rerun the case 2 scenario using the enhanced 
protocols. Fig. 9 and Fig. 10 shows the results. 

 

  
Fig. 10 Network throughput. 
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X. ANALYSIS AND DISCUSSION 

The results shown in Fig. 9, Fig. 10 reveal that, the normal 
power consumption for 10 days does not exceed 0.01% of the 
total batteries capacity. However, this proportion increases 
heavily in case of denial of sleep attacks and it reaches to 70% 
for Crankshaft and the maximum consumption was 85% for 
T-MAC. Furthermore, it can be noticed that the throughput is 
declined to a quarter when we expose the network to an 
attack. 

Obviously, Fig. 9 shows that the proposed defense 
algorithm was helpful. The power consumption for all 
protocols was almost as the normal average (case 1). That is 
the enhanced protocols can stop the attack and prevent the 
network form the heavy power drain. 

Nevertheless, the network throughput is still as low as case 
2 due to the deep sleep cycles in which the node cannot 
transfer data to the sink. 

Eventually, the attacker will consume its entire power 
source which is usually limited as any WSN node. Therefore, 
the network will continue its normal tasks for the rest of its 
designed period. 

XI. CONCLUSION 

In conclusion, this research reviewed MAC protocols 
classification according to how nodes organize (or not) access 
to the shared radio channel. One protocol of each class was 
described in detail. After discussing denial of sleep security 
vulnerabilities, a defence algorithm are proposed and tested. 
The results reveal that the enhanced protocols become self-
immune against denial of sleep attacks with a side effect 
shown as a throughput reduction during attacks. Optimizing 
t_DeepSleep and threshold τ could be ideas for future works.  
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An Efficient Resource Management Algorithm for 
Next Generation Networks Using Multi Network 

Data Path  
 V.Senthil Kumaran, E.D.Kanmani Ruby, Ms G.Deepa

Abstract—The integration of mobile communications together 
with computer internet network is the main focus of Information 
technology industry. The user anticipations are swelling with regard 
to a huge range of services and applications with unalike point of 
quality of service (QoS), which is related to bandwidth, throughput, 
energy and delay. LAS-CDMA (Large Area Synchronized Code 
Division Multiple Access) covers global area, enables high-speed 
data transmission and increases voice capacity. MC-CDMA (Multi-
Carrier Code Division Multiple Access) is designed for running on 
wide area, called macro cell. The LMDS (Local Multipoint 
Distribution System) designed for micro cell, enables wireless 
broadband technology used to carry voice, data and video services in 
25GHz. 4G network integrates all access networks resulting in 
overlap coverage area. This may cause network resources wasted in 
the overlap coverage area. Therefore, it is necessary to propose a 
solution for this situation through utilizing multi network radio 
frequencies. 

This paper focuses on Network Resource Management and Energy 
efficiency through Multi Network Data Path; considering mobility 
between the nodes. The Network Resource Management Algorithm is 
designed using bandwidth management which includes bandwidth 
monitoring and selection. The performance is evaluated by assigning 
different paths to the mobile nodes. Simulation results shows that 
Network Resource Management Algorithm improves the energy 
efficiency by 23%. This algorithm considers movement pattern of the 
mobile nodes which varies the buffer size by 0.1%.  

 
Keywords—Multi-network, 4G, Mobile Multimedia 

I. INTRODUCTION 
The next generation networks, Information Technology (IT) 

industry and media industry must be combined with 
telecommunication to support multimedia service for the 
mobile users. As a result, mobile communication together with 
computer internet networks will penetrate into the various 
fields of our society. Thus, the user anticipations are aggregate 
with esteem to a huge range of services and applications with 
poles apart degree of quality of service (QoS), which is related 
to delay, data rates and bit error requirements [1].  
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At this moment, many countries have established projects 
for next generation system development. However, DARPA 
(Defense Advanced Research Projects Agency) first started 
this project, who developed the wired internet [2]. The success 
of distributed architecture in wired internet leads to adapt the 
same distributed architecture for 4G wireless mobile internet. 
4G is still developing in laboratories, all the aspects of 4G 
wireless networks was not agreed by all experts and policy 
makers [3]. 4G integrates with LMDS, LAS- CDMA, OFDM, 
IPv6, MC-CDMA and UWB [4]. 

4G networks has an issue addressed in basic protocol IPv6. 
Radio wave can transmit large amount of digital data using 
OFDM. Simultaneous transmission in OFDM occurs by 
piercing the radio signal into numerous lesser sub-signals at 
diverse frequencies to the receiver. LAS-CDMA increases 
voice capacity and enables high-speed data, which is designed 
for global area. MC-CDMA is designed for running on wide 
area, called macro cell.  

4G integrates all access networks resulting in overlap 
coverage area [5]. This may cause network resources wasted 
in the overlap coverage area. This leads to overutilization of 
network resources in one particular network and 
underutilization of network resources in the other network. 
Therefore, it is necessary to propose a solution for this 
situation through utilizing multiple network radio frequencies 
in 4G. 

Consider any two network radio frequencies for utilization. 
This paper focuses on Network Resource Management and 
Energy efficiency through Multi Network Data Path. The 
Network Resource Management Algorithm is designed using 
bandwidth management which includes bandwidth monitoring 
and selection. The performance is evaluated by assigning 
different paths to the mobile nodes. One of the network path 
carries the data request, and reply for that request from any 
other network path. Thus, mobile node gets services from two 
networks simultaneously.  

Considering Mobile Node (MN) is communicating 
Correspondent Node (CN). Request is sent through Packet 
Data Service Node (PDSN). Correspondent Node (CN) is 
responding to Mobile Node (MN). Reply is done through 
Packet Data Interworking Function (PDIF). Multi network 
data path communication between MN and CN is done by 
Bandwidth Management. Bandwidth management implement 
bandwidth monitor in both network paths and based on the 
monitored output, bandwidth selection is done. The main 
objective of this paper is network resource management using 
resource management algorithm.  
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II. LITERATURE REVIEW 
Xichun Li, et al., (2009) [6] proposed Multi-network Data 

Path. Multi-network data path design is based on MC-CDMA 
and WLAN networks, which focuses on network resource 
management. For session management and radio resource 
management, they made an assumption, under the overlapping 
area CDMA connection is already established, and a new 
connection is set up for available WLAN radio resource. The 
new proposed Multi-network data path distributes data request 
through MC-CDMA network and gets reply through WLAN 
network. Under the overlay area; when a mobile node enters, 
it gets services from both networks simultaneously. The new 
Multi-network data path does not consider issues such as 
movement pattern of the mobile node, re-negotiated QoS and 
congestion relief. 

Harri Paloheimo, et al., (2006) [7] put forward 
interoperability of MANET and 4G RAN Routing, which 
provide operator radio coverage and flexible solutions for the 
4G RAN. Insight of 4G RAN design is provided by combining 
these differing communication technologies. 4G requirements 
in terms of energy conservation against MANET is analysed 
in this paper. Their conceptual level analysis shows that 
MANET routing is possible but with strong limiting 
conditions due to the evident differences in the design 
emphasis. From energy conservation standpoint, both 4G 
RAN and MANET suffer from somewhat ambiguous 
requirements, which makes it difficult to compare them. 

Navrati Saxena, et al., (2013) [8] put forward advances in 
4G wireless along with special issues demonstrates research 
outcomes in different aspects of 4Gwireless, like resource 
allocation, cognitive and cooperative communications, 
scheduling, multicast services, coverage and planning of small 
cells. Contingent on the diverse aspects of 4G, special issue 
are classified into four diverse classes: (a) cognitive, 
opportunistic, and cooperative communications, (b) 
scheduling and resource allocation, (c) coverage and planning 
of small cells, and (d) multicast services. 

Engr. Muhammad Farooq, Engr. Muhammad Ishtiaq 
Ahmed and Engr. Usman M Al (2013) [9] researched the 
future picture of mobile communication. They present the 
study of several generations which are being used 1G, 2G, 3G, 
and 4G, and try to find some future generations which are 
under research like 5G, 6G, and 7G. Satellite network will be 
used from 6G mobile communication systems and onwards.  

III. CONVERGENCE NETWORK 
Convergence architecture for 4G was issued by CDMA 

Development Group (CDG). Figure 1 shows the mishmash of 
micro cell, macro cell, pico cell and global area.  

The architecture clearly shows that four wireless networks 
are covered in pico-cell area, and there are three wireless 
networks covered in the micro cell area; in macro cell area, at 
least there are two wireless networks covered. At a definite 
place or at a certain time, one network supplies wireless 
services for a user and remaining wireless network resources 
gets wasted is the major problem. 

 
Figure 1: 4G Convergence Network 

 

 
Figure 2: Communication Network 

3.1 Packet Control Function (PCF) 
• Maintains connection state between PDSN and BSC 
• It is aware of mobile’s air link status (dormant, active) 
• Collects air time accounting from BSC and forwards it to 

PDSN 

3.2 Packet Data Serving Node (PDSN) 
• Establishes data session with MS 
• Supports Foreign Agent (FA) capability for Mobile IP 

service 
• Route packets 
• Collects accounting information 
• Acts as a client for authentication and accounting 

3.3 Authentication, Authorization, Accounting Server (AAA) 
• Performs authentication, authorization, and accounting in 

conjunction with PDSN 
• Provides proxy functions to relay these services to other 

AAA servers 

3.4 Home Agent (HA) 
• Works in conjunction with FA to provide Mobile IP 

service 
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• Provides the “anchor point” for Layer 3 mobility 

3.5 Packet Data Interworking Function (PDIF) 
• It uses IKEv2 as signalling interface for allowing mobile 

equipment to access the Internet over an all - IP WLAN. 
• IPSec tunnel is established by PDIF. 
• For protecting CDMA network resources and data, PDIF 

acts as a security gateway. 
• Collocated Foreign Agent (FA) service has a tight 

integration with PDIF, and PDIF/FA a denotation of 
PDIF. 

• For handsets that do not support mobile IP, PDIF supports 
proxy mobile IP. 

• If the MS is not suitable for proxy mobile IP registration, 
it may still be allowed to establish a simple IP session, in 
which case the traffic is directly routed to the Internet or 
corporate network from the PDIF.  

• MS operates as a normal mobile phone by transferring 
voice, data over CDMA if the subscriber is mobile. 

• When the FMC subscriber encounters a WiFi hotspot, 
then the WiFi network is automatically detected by MS, 
and it establishes an IPSec session automatically with the 
PDIF/FA.  

• PDIF/FA works with other network elements after the 
establishment of secure connection and successful 
registration of mobile IP to afford MS with access to 
packet data services. 

IV. MULTI-NETWORK DATA PATH DESIGN 
The theoretical focus of this paper is on the 4G real wireless 

multimedia mobile internet to provide data services within 
integrating of MC-CDMA-WLAN network.  

 

 
Figure 3: The Main System Components 

Figure 3 shows remodeled main system component 
architecture of CDMA-WLAN. The architecture consists of 
the Access Point (AP), the Packet Control Function (PCF), the 
Base Station (BS), the Mobile Node (MN), the Packet Data 
Interworking Function (PDIF), and the Packet Data Service 
Node (PDSN).  

The mobile node can work on the full TCP/IP protocol with 

data/multimedia application models. It can be handset, laptop, 
and personal digital assistant, etc. The wireless link and 
interface controlling functionality for the mobile node was 
provided by the Access Point (AP) and the Base Station (BS). 

Packet Control Function (PCF) gets connection from BS 
and Packet Data Interworking Function (PDIF) with AP. For 
more information about Packet Control Function (PCF) is in 
[3]. 3GPP2, the standardization organization of CDMA2000 
has specified the function of PDIF in [10].  

IP interface to the internet was provided by Packet Data 
Service Node (PDSN). Pretentious CDMA link is already 
there under the overlapping area for session management and 
radio resource management. To set up a new connection, the 
available WLAN radio resource is utilized. 

 
Figure 4: Multi-Network Data Path Model 

The new proposed Multi-network data path distributes data 
request through MC-CDMA network and gets reply through 
WLAN network. The model design and Multi-network data 
path design overview will be presenting in following sections. 

In order to design Multi-network data path, a new data 
model is proposed as shown in Figure 4. Any two networks 
overlay area is considered for this model. The dual networks 
supply services to the mobile node simultaneously, when it 
enters into an overlay area. Any one of the network carries 
data request, and other network respond for that request.  

 

 
Figure 5:   Multi-Network Data Path 

 
In Multi-Network Data path model, the MN request go 

through first connection, 
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MN →BS →PDSN →CN 

 
and the subsequent reply can be from the second connection,  

 
CN →PDIF →AP →MN 

 
Thus mobile node gets serviced by two networks 

simultaneously. The Proposed design working model is shown 
in figure 5. 

Following this multi-network data path model, multi-
network data path design is proposed as shown in Figure 6. 
Multi-network data path contains four components. They are 
bandwidth monitor, bandwidth management, bandwidth 
selection and packet receiver. In Figure 6, Dynamic 
installation and deletion of bandwidth monitor is carried by 
bandwidth management, after IPv6 protocol sends the 
indication message. Both sender and receiver has bandwidth 
management. Bandwidth monitor is installed on each network 
path. Monitoring the vacant bandwidth and estimate the 
appropriate transmission rates on the corresponding route is 
the primary function of the bandwidth monitor. After 
installing/deleting each bandwidth monitor, bandwidth 
management informs the current existing path. 

 
Figure 6:   Multi-Network Data Path Design 

After receiving the current existing path information from 
bandwidth management, bandwidth monitor will provide the 
rate of information. Encoder receives the input from 
bandwidth selection as calculated and encoding rates, and then 
IPv6 claims will be encrypted to suitable paths. Bandwidth 
monitor sends packet to the packet receiver, in which it 
accepts, filters and reorders before sending them to the 
decoder. 

V. RESOURCE MANAGEMENT ALGORITHM 
Step 1: Initialization: MN = BS, PDSN, PDIF and BS is 

transmitting signal at regular intervals along with BS (ID). 
Step 2: for i = 1 to U do, 
  MN (IDi) = BS (IDi) 
Step 3: If MN (IDi+1 > IDi) 
Step 4: then MN = CN  
Step 5: else MN = MN 
Step 6: Route MN → BS → PDSN → CN 
Step 7: Reroute CN → PDIF → AP → MN 
Step 8: Stop the Process. 

5.1 System Design 
To evaluate the performance of the Multi-network data path 

scheme, we have designed a simulation system. The Multi-
network data path simulation system design is based on two 
ideas:  
• The Multi-network data path is supported by any two 

simultaneous different networks, which can work on a 
mobile node; and  

• When a mobile nodule gets response from its 
correspondent nodule, the bandwidth optimization is done 
through bandwidth reselection, which results in rerouting 
from one network to another. 

The application desired bandwidth is less than the response 
bandwidth [11]. 

5.2 System Testing 
The performance of the Multi-network data path scheme is 

evaluated through extensive simulation using Network 
Simulator (Version 2). The objective of the simulation is to 
verify the establishment of multi-network data path. 

Simulation developed that consists of the Mobile Node 
(MN), the Correspondent Node (CN), the Packet Data 
Interworking Function (PDIF) and the Packet Data Service 
Node (PDSN) as shown in Figure 4. 

5.3 Simulation Parameters 
In order to investigate the impact of Multi-network data 

path scheme the following network parameters are evaluated: 
• Buffer Requirements 
• Energy Efficiency 
• Packet Delivery Ratio 
• Average Residual Energy 

5.4 Performance Analysis 

5.4.1 Buffer requirement analysis  
According to International Telecommunication Unit (ITU) 

standards, for a non-real-time internet session, the time taken 
to release the packets from the current route to a fresh route is 
defined as buffer time Tb, which is recognised and calculated 
as follows [12]: 

Tb = Rt (CN, MN)  (1) 
During the course of simulation, the IPv6 packets were 

transmitted to MN from CN, the buffer time for IPv6 packets; 
which is from CN to MN is calculated using any two nodes 
distances by the packet rate. In the formula above, one can 
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denote the buffer time as Rt (CN, MN) which is shown in the 
equation (1). 

Representation shows that the time controlled-load traffic is 
buffered by CN. Then, the required buffer size Bs, is 
calculated as follows:  

Bs = Tb * Rp  (2) 
Rp = br * Ps  (3) 
From the formula, the buffer size (Bs) is equal to packet rate 

(Rp) with buffer time (Tb), and the packet rate (Rp) is 
equivalent to packet size (Ps) with bit rate (br). Thus, we can 
get buffer size (Bs) as follows: 

Bs = Tb * br * Ps  (4) 

VI. SIMULATION RESULTS AND DISCUSSIONS 

TABLE 1: SIMULATION PARAMETERS 

Parameters Values 
No. of nodes 50 
Propagation TwoRayGround 
MAC 802.11 
Queue Drop tail/PriQueue 
Area 1000 X 1000 
Packet size 512 
Antenna Omni-directional antenna 

 

6.1 Buffer size without bandwidth selection 

 
Figure 7: No. of Active Session Vs Buffer Size without BW Selection 

Figure 7 illustrates bandwidth resources are not utilized 
uniformly in which buffer size requirement changes depending 
on number of active sessions. 

6.2 Buffer size with bandwidth selection 

 
Figure 8: No. of Active Session Vs Buffer Size with BW Selection 

Hence, with bandwidth selection, the resources are utilized 
uniformly. Figure 8 illustrates that buffer size requirement 
changes depending on number of active sessions.  

6.3 Average Energy Consumption 

TABLE 2: AVERAGE ENERGY CONSUMPTION 

No. Active 
Sessions 

Average Energy Consumption 
With BW Without BW Percentage 

10 0.0670768 0.1903 35 
15 0.0749644 0.441886 17 
20 0.0871457 0.459124 19 
25 0.092515 0.472975 20 
30 0.108908 0.498567 22 
35 0.117654 0.537937 22 
40 0.131127 0.525466 25 

  Average 23 
Table 2 shows that average energy consumption with 

bandwidth selection decreases by 23% compared to without 
bandwidth selection. Thus energy efficiency is improved by 
implementing multi network data path resource management 
algorithm. 

 
Figure 9: No. of Active Session Vs Average Energy Consumption 
Figure 9 shows that resource management algorithm 

provides 23% improved energy consumption with bandwidth 
selection compared to without bandwidth selection.   

6.4 Packet Delivery Ratio 

TABLE 3: PACKET DELIVERY RATIO 

No. Active Sessions 
Packet Delivery Ratio 
With BW Without BW 

10 99.7867 99.808 
15 99.8197 62.1922 
20 99.7776 51.6345 
25 96.8303 20.4233 
30 94.4454 16.6491 
35 92.0667 7.779 
40 92.7604 12.5811 

Table 3 shows that packet delivery ratio with bandwidth 
selection algorithm gets improved when compared to without 
bandwidth selection algorithm. Thus packet drop is reduced 
considerably by implementing multi network data path 
resource management algorithm. 
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Figure 10: No. of Active Session Vs Packet Delivery Ratio 

Figure 10 shows that resource management algorithm 
improves packet delivery ratio with implementation of 
bandwidth selection algorithm when compared to without 
bandwidth selection algorithm.   

6.5 Average Residual Energy 

TABLE 4: AVERAGE RESIDUAL ENERGY 

No. Active 
Sessions 

Average Residual Energy 
With BW Without BW 

10 99.9329 99.8097 
15 99.925 99.5581 
20 99.9129 99.5409 
25 99.9075 99.527 
30 99.8911 99.5014 
35 99.8823 99.4621 
40 99.8689 99.4745 

Table 4 shows that average residual energy with bandwidth 
selection algorithm is more when compared to without 
bandwidth selection algorithm. Thus average residual energy 
is more implementing multi network data path resource 
management algorithm. 

 
Figure 11: No. of Active Session Vs Average Residual Energy 

Figure 11 shows that implementation of resource 
management algorithm provides average residual energy 
greater compared to without bandwidth selection algorithm. 

VII. CONCLUSION AND FUTURE WORK 
In this paper Multi-network data path; Data requests will be 

controlled by PDSN (Packets Data Service Node) and PDIF 
(Packet Data Interworking Function) controls the data reply. 
Data traffic is rerouted through PDSN to PDIF. For efficient 
utilization of network resources, the Multi-network data path 
has been well-defined to do bandwidth reselection for 
rerouting of networks. The performance is evaluated by 
assigning different paths to the mobile nodes. Simulation 
results shows that Network Resource Management Algorithm 
improves the energy efficiency by 23%, reduced packet drop 
and effective utilization of bandwidth. The resource 
management algorithm for Multi-network data path does not 
consider issues such as QoS and congestion relief. In future, 
there is a necessity to change a different revealing algorithm 
that can upkeep the wide-ranging level of network 
incorporation assured by the Next generation wireless system. 
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Abstract— this paper study  the chromatic dispersion of optical 
fiber with ordered rotating of glass microstructure(ORGM), with 
specific recipe of core and cladding in the fourth window of 
transparency( 1.562 up to 1.622 micron) , and a quantitative 
evaluation of dispersion changes in optical fiber with(ORGM) 
compared with isotropic dispersion of optical fiber is agents. the 
calculation of chromatic dispersion of optical fiber with (ORGM) 
was carried out. 

 
Keywords—dispersion, optical fiber, transparency, isotropic.  

I. INTRODUCTION 
Most components of optical fiber system of transfer using the 
Anisotropic media, such as polaroids,controlled directional 
couplers, light modulators, optical fibers and other 
components whose the operating principles are based on 
optical Anisotropy.  
The problem of increasing the volume of information and 
improving its quality over the optical fiber system is associated 
with a significant improvement for all parameters and 
components of optical fiber system, specially the transmission 
parameters of fiber optic as signal dispersion. and it is possible 
to solve this problem with using optical fiber that having the 
anisotropic media. 
It is known in [1,2,3,5,6,7] that to construct an optical fiber 
with anisotropic properties, we must put it in an external 
electromagnetic field or creating an internal mechanical stress 
in the fiber. Such mechanical stress makes the structure of the 
glass molecules ordered. 
The photo elastic properties of the curved optical fiber are 
described by dielectric permittivity tensor, where the tensor 
elements can be obtained from the expressions that depend on 
the parameters of spiral form characterizations [1]. 

 
 

In[4]it was analyzed the elements of dielectric permeability 
tensor of anisotropic optical fiber twisted by spiral, depending 
on the parameters that characterizing the shape of the spiral. 
and in [2,4] it was obtained an expression that define the 
chromatic dispersion of optical fiber with ordered rotating of 
glass microstructure(ORGM),but it was a qualitative analysis, 
however a quantitative evaluation of chromatic dispersion in 
the optical fiber was not made. 
The purpose of this paper is to study the chromatic dispersion 
in fiber optic with ordered rotating of glass 
microstructure(ORGM) with specific recipe of core and 
cladding in the fourth window of transparency( =λ 1.562 up 
to 1.622 micron),wherein the transmission parameters are 
investigated in a lesser extent than in the other windows of 
transparency, and a quantitative evaluation of dispersion 
changes in optical fiber with(ORGM) compared with isotropic 
dispersion of optical fiber is agents.  

II. METHOD AND PROCEDURE  
Carry out the calculation of chromatic dispersion of optical 
fiber with(ORGM),where the core is made from pure quartz 
( 2SiO ) and the cladding is doped( 3%) of boron 

oxide( 32OB ).  

The total chromatic dispersion TD of optical fiber 
with(ORGM) is defined by[2,10]: 

smT DDD )1( +=  ,                         (1) 

Where e
m

o
mm DD

p
rD +=+= )cos(sin. 1 ϕϕ

π
 , (2)the 

material dispersion                     
Where p -step of spiral. 

1r - radius of a circular beam of 11HE mode spot in straight 
isotropic optical fiber[5,8,9]. 
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Indices “e”and “o” in equation (2),refer to the extraordinary 
and ordinary waves. 

sD - chromatic dispersion of straight isotropic optical fiber 
which given in [6]as: 

( )
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Where 10β -the phase coefficient of the lowest mode 11HE in 
optical fiber. 

( )rε - the permittivity of straight isotropic optical fiber. 
Thus,from (1)follows that the total chromatic dispersion in 
optical fiber with ORGM) difere from chromatic dispersion of 
straight isotropic optical fiber by increment D∆ which equal: 

sm DDD .=∆                     (4) 
The specific chromatic dispersion of straight isotropic fiber 

sD is the sum of specific material dispersion mD and 

waveguide dispersion wD [3]: 
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Where n and N are the refractive index and group refractive 
index of core and cladding. 
∆ - relative refractive index difference of core and cladding 

which equal: 
1

21

n
nn −

=∆  

λ - wave length. 
c - light speed. 
ν - normalized frequency. 
b - normalized phase coefficient. 
To determine the chromatic dispersion of straight isotropic 
optical fiber sD ,we must determine the refractive indices for 

core and cladding ( n and N ).so the calculation result of 
refractive indices for core and cladding in the range of 
wavelengths corresponding to the fourth window of 
transparency are presented on the figure.1. 

 
Fig.1:Spectral dependence of nN  for core and cladding.  
 
 
 
 
Using the above expressions for determining the refractive 
indices of core and cladding, it was calculated the density of 
material dispersion of core )(coremD and cladding 

)(claddingmD and the graphs of spectral density dependence of 
material dispersion are shown on figure.2. 
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         Fig.2: Spectral dependence of mD  for core and cladding 
 
From calculations follow that the specific material dispersion 
of core and cladding are negative and modified accordingly in 
the range of (-26.25 to -26.69 ps/km for the wavelength 1.565 
micron) up to (-26.91 to -27.35 ps/km for the wavelength 1.62 
micron).using the second term of expression (5),which define 
the specific waveguide dispersion waveguideD  for straight 

isotropic optical fiber,it was calculated the waveguideD  for the 
core in the same wavelength range while the second factor in 
the expression for calculation waveguideD determined according 
to the schedule[[3],fig.10.8]]for step index profile.and the 
graph of specific waveguide dispersion for the core depending 
on the wavelength shown on figure.3. 

 
 
Fig.3:Spectral dependence of mD of straight isotropic optical 

fiber. 

III. RESULT AND DISCUSSION 
From figure.3,it is clear that with increasing the wavelength 
the specific waveguide dispersion decreases from 3.83 to3.75 
ps/km in the investigated range of wavelengths 1.565 and 1.62 
micron. 
The chromatic dispersion of straight isotropic optical fiber 

sD in the wavelength range (1.565 to 1.62 micron)which 

representing the sum of mD and wD  is represented on 
figure.4. 
and as can be seen from  figure.4,the value of specific 
chromatic dispersion of straight curved fiber varies from (-
22.4 ps/km.nm for the wavelength 1.565 micron)to (-23.17 
ps/km.nm for the wavelength 1.62 micron). 
To determine the increment D∆ of straight curved fiber due to 
the ordering of microstructure in optical fiber,it was calculated 
the parameter mD  and also defined the  D∆ itself in the 

azimuthally Coordinate range ϕ ,which changes from ( 00 to 
0360 ).and thus the radius 1r accepted to be equal 3 micron 

and the step of spiral p = 50 mm. 

 
Fig.4:Spectral dependence of chromatic dispersion for straight 

isotropic optical fiber. 
The result of   mD  and  D∆ calculations are given in table.1 

Table1: Azimuthally dependence of mD and D∆  

ϕ ,degree 
mD , ps/km.nm 410. −∆D , 

ps/km.nm 
0 1.885 42.25 

15 2.308 52.75 
30 2.595 59.27 
45 2.665 60.87 
60 2.595 59.27 
75 2.308 52.72 
90 1.885 42.25 

105 1.333 30.46 
120 0.87 19.87 
135 0 0 
150 -0.87 -19.87 
165 -1.333 -30.46 
180 -1.885 -42.25 
195 -2.308 -52.72 
210 -2.595 -59.27 
225 -2.665 -60.87 
240 -2.595 -59.27 
255 -2.308 -52.72 
270 -1.885 -42.25 
285 -1.333 -30.46 
300 -0.87 -19.87 
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315 0 0 
330 0.87 19.87 
345 1.333 30.46 
360 1.885 42.25 

 
 
 
 
 
 
The graph of amplitude dependence D∆ shown on 
figure.5,and this figure show that in the range from ( 00=ϕ to 

0135=ϕ and from 0315=ϕ to 0360=ϕ )the value of 

D∆ is positive. but in the range from ( 0150=ϕ to 
0300=ϕ ) the value of  D∆ is negative. 

 

 
Fig.5:Amplitude dependence of D∆  

IV. CONCLUSION 
We can conclude that the studying of chromatic dispersion in 
optical fiber with ORGM in the fourth window of transparency 
show that the chromatic dispersion of such fiber compared 
with isotropic dispersion of optical fiber changes by a few 
tenths of percentage. However the change of chromatic 
dispersion in this case is depend strongly on the azimuthally 
coordinate of observation point. Such azimuthally dependence 
of chromatic dispersion in optical fiber with ORGM 
comparing with isotropic can be used in the designing process 
of optical fiber cables to create a compensators of polarized 
dispersion in single mode optical fiber which are used in the 
coherent optical fiber system of transfer. as well as in the 
students educational process. 
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Abstract— The use of the simulation is a common practice to 
evaluate the performance of wireless protocols, test changes and 
extend it to the existing modules. Compared to the cost and time in 
setting up in the real network, the simulation framework is relatively 
fast and inexpensive. In this paper, we presenting the tools employed 
to perform the simulation-based evaluation. The telemedicine based 
on wireless mesh network routing protocols performance comparison 
were analyzed, including the assumptions and simplifications that 
were made.  
 

I. INTRODUCTION 

HERE is no doubt that Network Simulator 2 (ns-2) is the 
most used as simulation tools among wireless network 

researchers [1]. It is based on the open-source model under 
GPLv2 license.  

This open source paradigm is a part of its success with 
extensive contribution of extension and features by computer 
network community. It provides many model set and 
implementation of network protocols and algorithms. ns-2 
maintenance has been stopped since 2011 and is not being 
accepted for publication, even still in heavy use with average 
10,000 downloads per month in 2013 (source: 
http://sourceforge.net/projects/nsnam/) .  Because of ns-2 
shortcoming and the need to improve the realism of the real 
system model, a developer team funded by U.S. National 
Science Foundation developed a replacement for ns-2, called 
ns-3. In its development stage, ns-3 is being developed from 
scratch following a completely different architecture and 
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completely removed the backward-compatibility of ns-2. 
The first lesson learned from ns-2 is to avoid a dual-

language simulator in order to decrease the overall complexity 
of ns-3 simulator. The ns-3 is mainly developed for 
networking research purposes is a single-core of simulator 
written in C++. ns-3's development initially began in 2006, 
while its first stable release was in June 2008.  

 
 
Since then, quarterly releases have been made. The current 

release is ns-3.19, which has been released on December 20, 
2013. Since our research had been developed earlier, we 
develop our simulation framework based on ns-3.15.2 release.  
 

 
Fig 1. Software organization of ns-3[2] 

 
The model in ns-3 creates a node as a real computer with 

support interface such as API and IP/device driver interface. It 
has the ability for closely model of real system and integration 
planning as a testbed connecting with live experiments. As 
seen in Fig 1, ns-3 improves the realism of the network 
models than other network simulator with strong long-term 
software development communities and maintenance. The 
output formats for ns-3, such as pcap trace output and xml 
reporting, can be reused and recognize in network engineering 
analysis. 

The new available high fidelity IEEE 802.11 MAC and 
PHY models together with real world design philosophy and 
concepts has made NS-3 the choice for simulating wireless 
mesh telemedicine model as well as for carrying out this 
research. The newly ns-3 mesh model, as described in [3] , has 
also been adopted since release ns-3.10 to provide a general 
802.11s framework as the basis for medQoS 802.11s 
integration.  

 

II. NS-3MESH SIMULATOR FRAMEWORK 

The models topologies in ns-3 depict OSI model abstraction 
layer written in C++ and Python bindings’ ability.  The 
explanation of ns-3 framework can be divided into three group 
parts. The first groups is the core of the simulation, those 
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component includes packets and the event scheduler.  The 
second part consists of the various models for network 
simulation and the third part are the auxiliary helper functions 
to simplify setting up a simulation environment and tests to 
ensure correct functionality throughout version updates. 

Main parts of the core are defined by the modern object 
oriented approach of ns-3. The default features in ns-3 is an 
event-driven simulator, which schedules the events according 
to its 64-bit internal simulation clock. A distributed simulator 
or a real-time simulator can be used instead, if the simulation 
is to be distributed on several machines or integrated into a 
testbed or virtual machine environment respectively. The core 
of the simulator is the most stable part, as it is designed such 
that new simulation requirements should not imply changes in 
the core and the simulator. 

The second part consists of some basic models and the 
models that are needed and hence contributed by the research 
community. This part holds nodes as models for computers, 
from the network device down to the physical layer. It also 
holds applications and routing algorithms along with other 
models. 

The access to the various models is done by calling model 
helpers. These helpers make it easy to connect objects. For 
example, a helper can be used to equip a container of nodes 
with network devices, or to install wireless communication 
devices including the MAC, physical and channel layer with 
corresponding parameters on several network devices at once. 
These helpers are defined for use in simulation scripts. Within 
the simulator itself, the use of helpers is not allowed. 

Along with the coding standard, ns-3 introduced unit-test to 
verify the simulators behavior is as expected, after changes 
have been made. Unit-tests are enforced for new models, 
enhancement of models and bug fixes. 

The routing mechanism to support wireless has been 
extensively provided in ns-3. In fig 2, ns-3 routing is inherited 
from two object class, they are for internet layer based and 
link layer based routing protocol. Most of the available ns-3 
routing protocol are adapted from ns-2 source algorithm. The 
hop-minimal and shortest-path routing are implemented using 
ipv4StaticRouting. These basic routing protocols do not 
provide features for mesh networking such as message 
flooding or to avoid broken node. Optimize Link State 
Routing (OLSR) and (AODV) is designed for multihop 
wireless network, and as explain in the section 2, they are also 
use for most mesh network routing protocol testing. Others 
routing protocols, such as DSDV and DSR, are also put in as 
ns-3 release standard. 

ROUTING
ns3::Ipv4RoutingProtocol

OLSR
ns3::olsr::RoutingProtocol

AODV
ns3::aodv::RoutingProtocol

Ipv4StaticRouting
ns3::Ipv4StaticRouting

ns3 Object
ns3::Object

L2 – MESH ROUTING
ns3::MeshL2RoutingProtocol

HWMP
ns3::dot11s::HwmpProtocol

FLAME
ns3::dot11s::FlameProtocolOthers

 
Fig 2. Routing Topology in ns-3 

 
Different from internet layer based routing protocol, Mesh 

802.11s standard use Layer 2 schemes routing at the network 
devices. The addressing scheme use MAC addressing working 

with a frame without an LLC header. The general 802.11s 
WMN abstraction model for ns-3 has been fully described in 
[3]. It is developed by Institute of IIITP Russia based on their 
ns-2 WMN model.  

 
The ns-3 mesh module is the implementation of 802.11s 

standard with the additional of Flame routing protocol 
developed by [4]. This module main attention is to provide 
layer 2 routing implementation as two tier MAC layer device. 
The upper tier provides interface to upper layer protocols, 
processing routing algorithm, resolving routes and set the 
frame in waiting state for route resolution. The lower tier 
implements specific header and management frame filling, 
controlling the frame flow and additional plug-in to process 
the upper layer routing. 

The main part 802.11s standard has been implemented in 
this module, such as the implementation of the Peering 
Management Protocol, the HWMP and the airtime link metric. 
The peering management class includes link establishment and 
link confirmation. The standard HWMP routing mechanism is 
fully implemented with selection of both proactive and on-
demand modes with the support for unicast and broadcast 
propagation of management traffic. The management frames 
are supported only for PREQ, PREP and PERR. However, the 
RANN management frame is not supported for this module.  

The QoS mechanism for the 802.11s, such as MCCA 
features is also not implemented in this module. 
Internetworking using a Mesh Access Point or a Mesh Portal 
is not implemented neither, but this functionality is not needed 
to evaluate the performance of our proposed routing while we 
concentrate in mesh node device only. Other additional 
features in 802.11s such as the security, power safe mode and 
channel assignment protocol for multi radio are not provided 
in the mesh device module.  

The ns-3 source is in the public domain which likely in the 
fast development supported by extensive researchers. In 
addition, the current ns-3 release supports the 802.11s 
standard.  This will allow our objective to do realistic mesh 
networking simulations and compare different mesh routing 
protocols using the same usage scenarios, applications and 
PHY models. It should be noted that these standard will need 
coding modification and module addition to support the 
proposed medQoS routing and its scheduling algorithm.  

 

III. SYSTEM MODEL FOR TELEMEDICINE SERVICE 

The proliferation of low cost wireless mesh network 
(WMN) in a number of large scale implementation, e.g. MIT 
roofnet [5], has opened the door for independent telemedicine 
infrastructure.  The Institute of Electrical and Electronics 
Engineers (IEEE) provides the work of emerging IEEE 
802.11s standard for semi-infrastructure of wireless mesh 
network. The IEEE 802.11s has a self-organization 
characteristic, scalability in coverage area and its carrier 
technology solely based on independent and free license-
exempt frequency spectrum. The 802.11s gives less backhaul 
connection to every wireless node in the network compared to 
the conventional wireless local area network (WLAN) 
deployment. It is a low cost network with the reduction of 

Latest Trends on Communications

ISBN: 978-1-61804-235-4 213



 

 

installation, commissioning and operational cost thereby 
achieving 70% saving compared to conventional approaches 
[6]. These criteria offer promises for the open implementation 
of cost-effective telemedicine services.IEE E 802.11s is 
suitable candidate to leverage telemedicine service with the 
lower cost technology.   

Even though the promises of implementing wireless mesh 
network as telemedicine infrastructure are feasible, study 
shows only one large scale telemedicine project had been done 
within past ten years. This project was launched in 2007, 
called Emergency Room Link (ER-LINK) worked on 365 
square kilometer with 95% coverage area of the city of 
Tucson, Arizona, USA [7]. Unfortunately, due to its lack of 
operational fund, this project had been shut down since 2011 
by the local government albeit the mesh infrastructure still in 
use daily [8]. This project involves the use of Open Link State 
Routing (OLSR) WMN type.  

The other telemedicine infrastructure involving non-
802.11s standard of   WMN could be seen in Pirzada et al. [9] 
for the incident area infrastructure, the work from Yarali et al. 
[10] for the emergency application and triage infrastructure by 
Marti et al. [11].   

 

A. Wireless Mesh Network Protocols 
The default routing protocol for wireless mesh 

network is called Hybrid Wireless Mesh Protocol (HWMP), a 
combination between Ad hoc On-Demand Distance Vector 
Routing (AODV) from RFC 3561 and tree-based routing [12].  
The tree mode requires a MP to be configured as a root MP, 
usually MP whose collocates with a portal. Root MP 
maintains routing messages that either establish and paths to 
all MP in MBSS.  

HWMP relies on three different MAC management 
protocol data unit, they are: Path Request (PREQ), Path Error 
(PERR) and Path Reply (PREP). An airtime cost of    is 

added to current metrics in each MP whenever an MP receives 
a path message.  MP decrement an explicit time to live (TTL) 
message that is independent from mesh MAC header TTL.  In 
tree mode, HWMP uses PREQ to periodically maintain best 
paths between an MP to root MP. Proactive mode is also 
provided by using root announcement message (RANN) to 
build a path to the root on-demand. In this mode, a source MP 
sends request RANN to root MP, asking which is the best path 
metric. RANN provides a registration flag, where if it is sets 
then source MP waits a certain time for further announcement 
arrive. This registration should be done every time the source 
MP moving and change its parent node. 

The proactive, reactive and hybrid strategy in ad hoc 
routing protocols were adapted by most routing protocols in 
wireless mesh network using the same strategies in wireless ad 
hoc routing protocols. The proactive routing strategy uses a 
discovery and announcement method to its surrounding nodes, 
and holds at least one of routing to any destination. The 
reactive or on demand strategy is based on the request of 
single node to provide a route to its destination. The hybrid 
routing protocols combines both strategies to reduce the 
overhead of probe or control message on wireless 
environment.  

The work from Campista et al. [13] proposed taxonomy 
for classifying routing protocols in wireless mesh network. 
The author classified the routing protocols into four classes; 
ad-hoc based, controlled flooding, traffic aware and 
opportunistic. Ad-hoc based class routing protocols are the 
adaptation results of ad hoc model in dealing with the link-
quality variations. Controlled-flooding class reduces control 
routing overhead by limiting its flooding through temporal or 
spatial flooding. Traffic-aware or tree-based protocols use 
periodically requests to update its routing tree-like network 
topology. The opportunistic protocols use cooperative 
diversity schemes by exploit the broadcast of radio 
transmission to set multiple paths towards a destination on-
the-fly.  Table 1 shows the adaptation of the taxonomy by 
limiting the routing protocols which provide QoS provision in 
mesh network environment.  

 
Table 1 : Comparison of Routing Protocols and its Metrics 
Class Protocols Metrics 
Ad hoc based LQSR ETX 
 SrcRR ETX 
 MR-LQSR WCETT 
Controlled flooding LOLS ETX or ETT 
 MMRP - 
 OLSR Hop, ETX, ML or ETT 
Traffic Aware AODV-ST ETX or ETT 

 Raniwala and 
Chiueh’s 

Hop, or Load-balancing 
metrics 

Opportunistic EXOR Unidirectional 
 ROMER Hop or Delay 
 

B. Telemedicine Requirements 
In the current technology trend, sophisticated two way 

communications using video and audio, and also diagnostic 
image sensor could increase the traffic load in the network. 
Telemedicine service is usually done in push-forward transfer 
from patient in real time manner. Many other applications also 
use an occasional approach to reduce the data load with the 
assumption that only major changes of data signal are being 
transferred or by request from both patient and the remote 
specialist. 

In general, we can segregate telemedicine communication 
into two categories with the criterion of the bundle of data 
transmission. All of these services are shown in fig 3 as 
comprehensive telemonitoring seeing in patient domain.  

First category is called as the intermittent monitoring 
where acquisition of data per incident or occurring at intervals 
in short term transfer but not limited in a single packet 
transfer. It includes the data that occasionally requested by 
medical such as diagnostic still images, diagnostic video or 
conversation in short time. The sporadic or long periodical 
check-up such as SpO2 or ECG with time interval sampling 
are also in this category. On-demand services by using still 
image or video when it is required. These on-demand services 
are controlled by healthcare personnel sites application on 
initialization. On the established connection, both patient and 
healthcare personnel sites will control the quality of the data 
transfer. Required service is generated commonly by 
healthcare sites, while in an emergency situation patient site 
could push the data to healthcare sites. 
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Second category is continuous monitoring, where the data 

need to be transfer as long the monitoring session happen 

between both parties. ECG and other vital sign devices data 

are usually done in continuous and burst transmission to the 

healthcare personnel or hospital receiver. The access to real-

time monitoring of vital sign and other patient EHR as 

continuous data source are the examples of this continuous 

monitoring. These data sources are controlled individually at 

patient site, as a tool for aggregating data for primary use for 

diagnosis.  

Each category has a special design for emergency 

monitoring. An emergency signal from a device application 

has a different data traffic approach. It needs to be delivered in 

real time with even in the loose delay requirement application. 

This will allow physiological data directed instantaneously to 

the remote healthcare.  Assume that in remote patient  is 

installed with a packet of monitoring device application 

  and attached to a Mesh Client. Each devices  is 

belong to one of categories with its own requirement 

constrains. All of devices and has been determined and set by 

healthcare personnel by using sort of application before it can 

be use.  

 

 

Fig 3.Comprehensive telemedicine application on Patient domain 

 

Both categories communications process are intrinsically 

non-deterministic where data transfer for each device 

application is based on the unpredictable condition of system 

network and receiver request. This stochastic process is 

happened for all of the input from source node, which not 

always equals with the output at receiver node and involved 

several random values, such as noise. A reactive 

communication between sender and receiver node is done with 

sporadic access to network resources and could be determined 

by probabilistic action at nodes. 

 

C. Device Traffic Parameter 

The requirement parameters for the experiment are 

determined by upper-layer telemedicine service. Each 

application in telemedicine service will be delivered in 

different requirements posed on end-to-end communication 

system. These requirements is varied because different level of 

performance. The issue on disagreement on parameter values 

leads to the uncertainty of qualitative bounds for performance. 

The selected parameters for each device traffic pattern are 

shown in Table 2. The details of each encoding algorithm and 

upper-layer protocol workflow are not required. This research 

only focuses on finding the calculation parameters for the 

required parameters in lower layer 

 

 

 

 

 
Table 2 : Selected device traffic parameter 

Data Type Traffic Type codec 

Application Performance 

D (ms) T 

(kbps) 

E (%) 

Diagnostic 

Video 

Intermitten H.264/MPE

G-4 AVC 
300 2,000 <3% 

Diagnostic 
Audio 

Intermitten AAC 
50 68 <1% 

Diagnostic 

Image 1 

Intermitten JPEG-LS 15000 200 0.10% 

Diagnostic 

Image 2 

Intermitten JPEG 

Baseline 

15000 50 0.10% 

Vital Sign 1 Continous ECG vector 500(n) 
250(cr) 

96 0.10% 

Vital Sign 2 Intermitten BP,HR,SpO2 500(n) 

250(cr) 

8 0.10% 

Teleconf 
Audio 

Intermitten G.729a 50 32 1% 

Teleconf 
Video 

Intermitten H.263 300 64 3% 

Other Traffic Intermitten HTTP 1000 12 0.10% 

 

D. Wireless Mesh Network infrastructure  

Consider our Telemedicine infrastructure scenario in fig 4, 

MP-D through MP-H are a set of  of wireless mesh points, 

denoted as . MP-C and MP-A 

are a set of  of wireless mesh points portals denoted as 

. Overall mesh network 

infrastructure for telemedicine is a combination from mesh 

point and portals, denoted as . 

We took an arbitrary node of MP-H as a single mesh point, 

where it has several one-hop  neighbors within its 

transmission range. We assume that transmission from each 

 in  has fixed range. If MP-H denoted as , then MP-H 

has  of one hop neighbor then . 

Each  maintains its resource management by controlling 

queues from each transmission link. The arrival packets from 

 neighbors in MP-H are considered in their own queue 

according to their pre-determined link. The coordination 

scheme of channel access is based on Time Division Multiple 

Access (TDMA) by dividing each queuing into fixed time slot. 

The controlled distribution in each  is assumed 

synchronized to the guard period from slot boundaries.  
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In one time frame consists of control phase for control 
message and transmission phase for data message. The slot for 
control phase has   fixed size time slot and  fixed size time 

slot for data. At the beginning of the control frame, scheduling 
decision is determined by all nodes and relatively unchanged 
until the next time frame.  

The interference channel is assumed has relatively constant 
block size during period of one time frame. We also assume 
that each  is equipped with to solve the wireless medium 

interference problem. We neglected the power control 
difference among the  where each channel transmission has 

the same fixed transmission power measurement. 
 

 
Fig 4. Wireless Mesh Network Scenario for Telemedicine 

Application 

IV. PERFORMANCE AND SIMULATION 

 
  In this section, we analyze the performance of AODV, 

OLSR and 802.11s HWMP routing protocol as. HWMP is the 
layer 2 routing and its reactive mechanism is based on layer 3 
AODV routing.  OLSR represents the proactive routing for 
WMN, where nodes periodically exchange routing tables and 
maintain the entire topology of the network. Both OLSR and 
AODV are using the traditional hop count as routing metrics 
and does not include any link quality sensing. The main 
question need to be answer in this analysis are whether the 
802.11s WMN are the best as the backhaul telemedicine 
among the other routing mechanism. Second mandatory 
question is the impact of routing metrics in layer 2 and layer 3 
for the WMN network. 

Four performance parameters were evaluated in this 
simulation. They are (1) end-to-end delay, (2) throughput, (3) 
jitter and (4) the percentage of packets loss at the receiver 
node.  

It is difficult to directly measure the end to end delay, due 
to the unsynchronized nature of multi hop WMN. We estimate 
the end to end delay by the round trip time delay i.e., the delay 
from the source to the destination and back to the source.  End 
to end delay in this simulation is given by: 

 

 
 

 

where: 
T     = End to end delay (ms). 
Tend  = Time of packet received (ms). 
Tstart = Time of packet sent (ms). 
 
The throughput  value is measured from packet arrival 

rate  at the mesh clients. The packet average end to end delay 
has to remain finite. Equation of throughput  for WMN is 

given by: 

 
 

 

T   = Throughput (Kbps) 
P (n) = Number of packet (Kb) 
D = End to end delay (s) 
 
The packet loss parameter is measured by the percentage 

of the number of loss data packets sent by receiver to the 
destination. 

 

 
 

 

 
where: 
PLR  = Packet loss ratio (%) 
fsDrops  = Number of packets drop 
numFs  = Number of packets sent 
 
Analysis of simulation results were evaluated for protocols 

in wireless mesh network based on these  QoS parameters.    
 

A. Experimentation Parameters 
The simulation physical environment in table 3 describes 

the technical specification of WMN backhaul.  A path loss 
model is based on Kun path Loss model [14] for wideband 
channel. The common path loss for open space model, such as 
Okumura-Hata, has coverage not more than 1.5GHz. The path 
loss model at 2.6GHz per distance is stated as: 

 
 

 
This empirical model is a typical outdoor suburban and 

urban environment with uniform distance more than 1km and 
carrier frequency higher than 2.3GHz. The path loss exponent 
is 2.2 with a standard deviation of 9.3dB. 

Performance comparison between routing protocols 
available for WMN is done for AODV,OLSR and HWMP at 
802.11g. The use of Droptail queue type assumes that packet 
of MDA data would be dropped by First in First Out (FIFO) 
scheme when the buffer is more than 100 packets.  

 
Table 3: Simulation parameters of  General  environment model 
Parameter Values 
Channel Model Propagation Delay Constant Speed  

 
Propagation Lost Kun Path Loss Model   

 
Carrier Frequency 2.4 GHz 

 
System Loss Coefficient 1   

Mesh Device Model Reception Gain  1 dB 
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Transmission Gain 1 dB 

 
Transmission Power 25 dBm 

 
Reception Noise Figure 7 dB 

 
CCA Threshold -62 dBm 

 
Energy Detection Threshold -96 dBm 

Data Link Model Modulation Scheme OFDM 

 
Fragmentation Threshold 2346 byte 

 
MAC Packet Length 1500 byte 

 
Slot duration 20 us 

 
Number Slots per Frame 100 slots 

 
Max Queue Size 100 Packets 

 
MP Distance 1 Km 

Routing Protocol HWMP,AODV and OLSR 
 Application Packet Size 1024    Bytes 

Packet Rate Packet Rate 250 KBps 

 
 

B. Link Transmission Rate 
The data transmission rate for this experiment is 

determined by combining the modulation and encoding 
scheme. This research compares each modulation and 
encoding parameters to determine the data link model. The 
extended rate physical OFDM modulation scheme is then 
selected to provide the higher throughput with the longer 
distance traffic carrier for WMN. In this section, we only 
provide the impact of modulation-encoding scheme of 
802.11g-ERPOFDM as shown in Fig 5. 

 

 
Fig 5: Comparison of 802.11s-ERPOFDM transmission rates against 

distance 
 

C. Hop Count 
The comparison of the hop number for selected encoding 

could be seen in Fig 6, where a single flow from source to 
destination MP is used. The mp distance in this experiment is 
set at 1km to minimize the hidden node effect between 
adjacent MP. The number of hops in here is defined as the 
number of mp needed for forwarding the transmitted the data 
packet from mp source to the designated mp. The supported 
encoding rate for long-distance are then selected as 6 Mbps, 
18 Mbps and 24 Mbps. In Fig 6, the effects of half-duplex 
nature against packet forwarding through the hop could be 
seen as the declining of the available throughput and 
increasing in end-to-end error rate. The variation trend of end-
to-end delay results are the effect of establishing the route 
discovery mechanism in single available hop.  
 

 
Fig 6:  Comparison of 802.11s-OFDM transmission rates against 

number of MP hop 
 
 

D. Routing Model  
Each routing protocol had to be configured using the 

similar parameter value by taking into account their 
differences. This parameter adjustment assures the comparison 
between them is fair and their differences are come from the 
routing mechanism. Several individual tests for routing has 
been done and the selected parameters result are shown in 
Table 4. 

 
Table 4 : Protocol Specific Parameters 
Parameter Values 
802.11s Peer Link 
Model Retry Timeout 5.09 ms 
 Holding Timeout 5.09 ms 
 Confirm Timeout 5.09 ms 
 Maximum Retries 4 

  Maximum Beacon Loss 5 
  Maximum Packet Failure 2 
  

Maximum Number of Links 2 
link
s 

802.11s HWMP Routing Maximum PREQ Retries 3 
  Path active lifetime 2120 ms 

 Root Active lifetime 2120 ms 
 Interval PREQ 3048 ms 
 Interval PERR 3120 ms 
 DO Flag 1 

  RR Flag  0 
  Maximum PREQ receivers 6 
 

 
Maximum Broadcast receivers 1 

 AODV Routing HELLO interval 1000 ms 

 

Maximum RREQ 
retransmissions 2 

 
 

Maximum RREQ per second 10 
 

 
Maximum RERR per second 10 

 

 
Route timeout 

11.1
9 s 

  Maximum HELLO loss 2   
OLSR Model HELLO interval 2000 ms 

 
TC emission interval 6600 ms 

 
MID emission interval 6600 ms 

 
HNA emission interval 6600 ms 

  Willingness HIGH 
 

 
In this simulation, the transmission distance for each MP 

is set to the possible maximum of 1km. This makes the hidden 
MP effect and collision mitigation are unsuitable. Therefore, 
the HWMP maximum broadcast receiver, maximum number 
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of links and maximum retry are reduced significantly from 
their default values. The timeout values for peer link model 
are increased because of the time needed to convergence a 
distance link is linearly increased with the distance between 
peer MP. The changes on default DO and RR Flag are to 
overcome the flooding of control message effect and to make 
sure that the measurements is come from the data traffic from 
source and destination. By the same reason, the OLSR routing 
message emission interval and all control message lifetime in 
HWMP and AODV are increased. 

All the loss parameters in each routing protocol are needed 
to be increased, especially in control message losses of 
HWMP and maximum hello loss of AODV. Their default 
values are extremely low for the long distance with 
exponential propagation loss. , The Willingness of OLSR is 
set to its highest value as there is no mobility aspect and MP is 
always act as intermediate MP. 
 

E. Scalability Analysis 
The scalability of protocol is analyzed by utilizing gird 

topology as describes in Fig 7. Three grid models are 
evaluated for 3 x 3 (9 MPs), 4 x4 (16 MPs) and 5 x 4 (25 MPs) 
with 1 kilometers of separation between MPs.  This will 
guarantee that the path discovery could only be initialized by 
the closes intermediate MPs.  

The numbers of data flows are established randomly 
between the nodes by scale of number MPs – 1. This will 
ensure the fairness of flow analysis for each protocol with 
durations per flow are exponentially seed in 50 seconds mean. 
The simulation is done in 800 seconds for each data rate 
sampling   in a protocols. The packet size of each flow is set to 
1024 bytes with an exponential increase of data rates start 
from 64Kbps to 1Mbps.   
 

MP-1 MP-2 MP-X

MP-X*Y

1km

1km

 
Fig 7  Topology for scalability performance 

 
The graph analysis of throughput average is presented in 

Fig 8  For the overall performance, OLSR gives slightly 
higher throughput than AODV and HWMP in a multi-hop 
network. While at the lower data rate up to 300 Kbps, the 
performance of three routing protocols had approximately the 
same average throughput, the performance of both HWMP 
and AODV decreased as the load increased for 25% from 
OLSR throughput.  

The lower maximum throughput of reactive selection for 
HWMP and AODV is explained by falsely detect the loss of 
data packets as congested link and remove the path from its 
routing list accordingly. The reactive routing then proceeds to 
trigger another path discovery. Unlike OLSR, the routing 
mechanism to forward the data packet only required a reply up 
to second hop neighbor without waiting the message reply 
from destination and stored any route information in MP.  
 

 
Fig 8.  Performance analysis of throughput average for (a) 3x3 grid 

(b) 4x4 grid (c) 5x5 grid MPs 
 

The comparison between AODV and HWMP are not 
giving any much differences, even the HWMP perform 
slightly better in greater grid. The airtime metric in HWMP 
detects any possibility error rates due to data traffic collusion. 
It gives the better link connection throughput 3% higher for 
the data flow than traditional distance vector of AODV.  

 
Fig 9.   Performance analysis of delay average for (a) 3x3 grid (b) 

4x4 grid (c) 5x5 grid MPs 
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As seen in Fig 10, the average end-to-end delay 

comparison shows that OLSR perform significantly than 
reactive routing. The reactive mechanism conducts a path 
discovery when the data packet arrives at the path table time 
out.  There is a queue time in the source MP, waiting the 
request reply from destination. Hence, it takes amount of time 
to flow to the intended destination. OLSR gives the 
advantages in average 23% of having routes immediately 
available when needed due to its proactive nature and using 
only selected nodes MPR to retransmit control messages 
periodically. Although OLSR gives the complete table before 
delivering data transmission, its limitation to handle higher 
amount MPs is slightly reduced. The reactive mechanism 
requires a slow start to establish its path, but it stable when the 
amount of data is increase in time. 

 

 
Fig 10  Performance analysis of error rate average for (a) 3x3 grid 

(b) 4x4 grid (c) 5x5 grid MPs 
 

The reactive comparison of AODV shows that delay 
difference is higher than HWMP. This is caused by the route 
discovery induced by both protocol. The AODV mechanism 
floods the route request message if there is no reply from the 
destination, especially in the congested path. It increases the 
contention windows of waiting reply in source MP before 
sending the data packet. The layer 2 mechanism in HWMP 
gives the priority of PREQ packet to be process in 
intermediate MP even the link is saturated with packet 
queuing. In some occasion, the higher delay of HWMP than 
AODV is caused by the airtime metric to avoid links being 
used and find the longer path even it has more delay.  

In terms of packet error rate, figure 4.9 shows HWMP 
gives the best result. HWMP is calculating its routes using 
airtime metric where it senses the link error rate better than 
AODV and OLSR. 

V. CONCLUSION 
The performance analysis between wireless mesh network 

protocols is done by using ns3 simulator. The validity of ns-3 

simulator as testing method and its model availability are 
sufficient to simulate the telemedicine application for the 
analysis purpose. The variation for all performance parameter 
result shows that the proactive routing protocol of OLSR 
maintained the transfer time of telemedicine data traffic. The 
OLSR protocol gave the smallest time variation of delay and 
jitter rather than HWMP and AODV in various hop number 
and data rates. Overall, HWMP performance is more stable 
than other protocol. The higher data rate and hop count; 
HWMP could achieve almost the same performance than 
OLSR. In terms of the package loss rate, HWMP as the most 
effective routing protocol needs to be improved as the reliable 
communication protocol of telemedicine system data using 
WMN. This result indicates that further refinement of 802.11s 
based HWMP standard is required to reaches the performance 
for QoS traffic of telemedicine service. 
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Abstract: 
 Robust and secure transmission strategy for high 
quality image through wireless networks is considered 
a great challenge. However, the majority of encrypted 
image transmission schemes don't consider well the 
effect of bit errors occurring during transmission. 
These errors are due to the factors that affect the 
information such as noise and multipath propagation. 
That should be handled by an efficient channel coding 
scheme. Our proposed scheme is based on combining 
hybrid chaotic encryption, which is based on two-
dimensional chaotic maps which is utilized for data 
security, with an error correction technique based on 
the Low Density Parity Check (LDPC)code. The 
LDPC is employed as channel coding for data 
communication in order to solve the problem of the 
channel’s limited bandwidth and improve throughput. 
Simulation results show that the proposed scheme 
achieves a high degree of robustness against channel 
impairments and wide varieties of attacks as wells as 
improved reliability of the wireless channel. In 
addition, LDPC is utilized for error correction in order 
to solve the limitations of wireless channels. 

Keywords: LDPC, Turbo, Chaotic Ma, Network 
security, error corrections. 

1. Introduction 

 The wireless communication medium, as opposed 
to the wired counterparts, is noisy and open to 
intruders. Hence, an additional level of error protection 
and security is required to make the wireless network 
as reliable and secure as the wired network [1]. Error 
control codes (ECC) are an important issue in wireless 

transmission, and are used to protect data from channel 
errors. The issue of using cryptography, secure ciphers 
in the wireless noisy channel is that the very same 
property that gives ciphers their cryptographic strength 
makes them sensitive to channel errors. This sensitivity 
causes retransmissions thus reducing the overall 
throughput. To improve the throughput in noisy 
environments, channel coding is performed after 
encryption. There are many factors that cause the 
output of a communication channel to be different 
from its input. Among these factors are attenuation, 
nonlinearities, bandwidth limitations, multipath 
propagation and noise [2]. For reliable 
communications, to improve the throughput in noisy 
environments, channel coding is performed after 
encryption. 

 There are many researchers who have introduced 
error correction and encryption in communication 
networks that have been addressed independently such 
as in [3-4]. Several researchers have studied the trade-
off between encryption and error correction by trying 
to combine these functionalities in one unit. For 
instance, Gligoroski et al [5].  

 In this paper, we introduce a new algorithm 
which combines encryption and coding in one 
algorithm; we propose hybrid chaotic encryption with 
LDPC. The paper will be organized as follows: section 
2 gives a brief discussion of channel coding techniques 
as LDPC and Turbo code technique.  Section 3 
presents a comparison between the performance of 
LDPC and Turbo. Section 4 defines the performance 
parameters.  Section 5 explains the proposed scheme. 
Experimental results are discussed in section 6. 
Finally, Section 7 concludes the paper. 
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2. Channel Coding 
 Channel coding techniques are divided into two 
main types; block codes and convolution codes. In this 
section we introduce two different algorithms one is 
LDPC code as a type of block code, and the other is 
Turbo code as a type of convolution code [6-7]. 

2.1 LDPC Code 
 LDPC is an error correcting code used in noisy 
communication channels to reduce the probability of 
loss of information. With LDPC, this probability can 
be reduced as small as desired, thus the data 
transmission rate can be as close to Shannon's limits 
[8]. 

 Nowadays, LDPC has made its way into some 
modern applications such as 10GBase-T Ethernet, Wi-
Fi, WiMAX, Digital Video Broadcasting (DVB). Since 
1993, with the invention of turbo codes, researchers 
have switched their focus to finding low complexity 
codes which can approach Shannon channel capacity 
[9-10]. 

 If a code uses n bits to provide error protection to 
k bits of information, it is called a (n, k) block code. In 
the case of image transmission, larger n and k, a matrix 
representation of the codes is used. This representation 
includes a generator matrix, G, and a parity-check 
matrix, H. Given a message p, the codeword c will be 
the product of G and p with entries modulo 2: 

c =  p × G (1) 

Given the received codeword y, the syndrome vector is 

z = y×  H  (2) 

If z = 0 then the received codeword is error-free, else, 
the value of z is the position of the flipped bit. For 
more details about LDPC coding and decoding refer to 
[9-10].  

2.2 Turbo Channel Coding 
 Turbo codes use an interleaver between two 
parallel or serial encoders as shown in figure 1 the 
existence of the interleaver results in very large code 
word lengths with excellent performance, particularly 
at low SNRs. Using these codes, it is possible to get as 
close as 0.7 dB to the Shannon limit at low SNRs. The 
turbo encoder consists of two constituent codes 
separated by an interleaver of length N.  Because the 
encoders are systematic, each encoder generates the N-
information bits applied to its input followed by N 
parity check bits. After the encoding, the N 
information bits and the 2N parity check bits of the 
two encoders, a total of 3N bits, are transmitted over 

the channel. Therefore, the overall rate is R = N/3N 
=1/3.  

 
Figure 1. Block diagram of  Turbo encoder 

 The interleaver in turbo codes is usually very 
long, of the order of thousands of bits. Pseudorandom 
interleavers perform well, although some improvement 
in the performance of the code can be obtained by 
clever choice of the interleaver. This improvement is 
more noticeable at short interleaver lengths. Due to the 
existence of the interleaver, it is, in most cases, 
impossible to return both codes to the all-zero state. 

Since turbo codes have two constituents-code 
components, an iterative algorithm is appropriate for 
their decoding. Any decoding method that yields the 
likelihood of the bits as its output can be used in the 
iterative decoding scheme as shown in figure 2. One 
such decoding scheme is the maximum a posteriori 
(MAP) decoding method. 

 
Figure 2. Block diagram of  Turbo decoder 

For more details about turbo coding and decoding,  
refer to [11]. 

3. Performance Parameters 

 The quality of the received image can be 
measured by many performance parameters such as the 
Peak Signal to Noise Ratio (PSNR). It is most 
commonly used as a measure of the quality of a 
reconstructed image. It is most easily defined via the 
Mean-Squared Error (MSE) which for two m × n 
monochrome images I and K where one of the images 
is considered a noisy approximation of the other. It is 
defined as:  
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 The other parameters are Message Error Rate 
(MER) and Bit Error Rate (BER), MER define as = 
(No. of messages received in Error after error 
correction) / (Total no. of messages transmitted) [6].  

 BER quantifies the reliability of the entire radio 
system it can be defined as: BER = Errors/Total 
Number of Bits with a strong signal and an 
unperturbed signal path, this number is too small as to 
be insignificant. It becomes significant when we wish 
to maintain a sufficient signal-to-noise ratio in the 
presence of imperfect transmission through electronic 
circuitry. 

3. Comparison between Performance of 
Turbo and LDPC 

 The comparison of different channel coding 
techniques will help to identify the most efficient one 
for a particular application. After the remarkable work 
[12] of Claude Shannon in 1948 it is necessary to 
transmit errorless data mainly in digital 
communications which are being used for multimedia 
communications for small hand held devices, such as 
Mobile Phones, Pagers, PDAs etc. 

 We compare between the performance of LDPC 
and turbo. In BER and processing time to determine 
the best for use in our proposed algorithm, we use the 
two algorithms with the following parameters. 

The time is measured from the time the image inputs to 
be encoded to the end of the decoding of the image 
then reconstructing the decoded image. 

Table 1.Simulation parameters of comparison between 
LDPC and Turbo codes 

 LDPC Turbo 

Modulation BPSK BPSK 

Coding Rate-1/2, block 
length 512-bit 

Rate-1/2, block 
length 512-bit 

No of 
Iterations 25 2 

SNR (dB) [0 : 3.7] [ 0 : 3.7] 

Channel 
estimation Gaussian channel Gaussian 

channel 

Input image Cameraman 
256×256 

Cameraman 
256×256 

 
Figure 3. BER versus SNR of the received cameraman 

image with  Turbo and LDPC 

 

 

Figure 4. Time versus SNR of the received cameraman 
image with  Turbo and LDPC 

  From the previous figure 3 and 4 it is clear 
LDPC has a small BER than turbo codes and it 
executes short time with LDPC at SNR from 1.5 to 3 
compared to Turbo code so that it preferable to use 
LDPC as an error correction code in our proposed 
scheme. 

 We can improve the performance of turbo code 
by making some increase number of iterations and 
decreasing block length that will improve the 
performance, where these conditions executed long 
time and it is not suitable for real time application in an 
image as can be shown in the figures 5 and 6. 

We study the effect of the number of iterations by 
taking SNR to be changed from 0.2 to 1.5 as sample of 
noise, and testing the BER and the execution time for 
correcting the errors. It is clear the performance of 
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turbo code depends mainly on  the number of iterations 
and does not depend  on the value of the SNR. 

 
Figure 5. SNR versus BER of the received 

Cameraman image with  different iteration in Turbo 
codes 

 

 
Figure 6. Processing time at different iteration in 

Turbo codes 

4. Procedure of combining Encryption with 
Coding 

 The encryption and LDPC algorithms are applied 
in two different methods; first we applied coding, then 
encryption as follows: we first applied encoding the 
original image (cameraman.bmp) using LDPC then 
applied encryption using the Arnold cat map as the 
type of encryption [17], we use BPSK for modulation 
and AWGN as a channel. The second method is using 
the same algorithm but in this case we applied the 
encryption first, then coding.  At the destination, we 
applied decode, then decrypted the decoded image. We 
compare between the two methods by measuring BER, 
FER, PSNR and processing time. The simulation 
results of the two methods can be shown in the 
following figures7, 8, 9 and 10. 

 
Figure 7. PSNRfor combining encryption with LDPC 
coding after and before for various SNRs (dB). 

 
Figure 8. Processing time for combining encryption 
with LDPC coding after and before for various 
SNRs (dB). 

 
Figure 9. BER for combining encryption with LDPC 

coding after and before 
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Figure 10. FER for combining encryption with 

LDPC coding after and before 

From the previous figures 7, 8, 9 and 10 we can 
conclude that: 

1- By measuring the parameter PSNR, as can be 
shown in figure 7, it is evident that applying 
encryption, then coding gives better results in the 
reconstruction of the decoded decrypted image. 

2- There are small improvements in BER and FER 
by applying coding then encryption, as  is clear 
from figures 8 and 9. 

3- The performance of applying encryption then 
coding, has smaller execution time compared to 
the time executed by applying coding then 
encryption. That is due to the fact that in the 
coding then encryption, we encrypt the parity 
which is added to the image in encoding the 
image.  So combining encryption with coding is 
preferable to apply encryption and then coding. 

5. Combination of Hybrid Chaotic 
Encryption and LDPC Code 
 We proposed a new schema which combines 
encryption and then coding in one algorithm. We use a 
hybrid chaotic system as follow: first an image is 
transformed to the fractional Fourier transform domain 
[14]. Secondly, the transformed image is encrypted 
using two stage encryption scheme of confusion and 
diffusion presented by Arnold Cat map for confusion 
and proposed Hénon map3 for diffusion [14]. Finally 
the encrypted image is obtained.   More details about 
this algorithm are shown in [14]. We combine this 
encryption algorithm with LDPC codes for channel 
coding as shown of flowchart of figure 11. The 
encoded encrypted image is then modulated by Binary 
Phase Shift Keying (BPSK), transmission over channel 
Additive white Gaussian noise (AWGN), which is 
considered in our simulation. AWGN is a basic noise 
model used in information theory to mimic the effect 

of many random processes that occur in nature. At the 
receiver side, the received image was demodulated, 
decoded and decrypted. After decryption, we will pass 
the image through a median filtering to reduce noise. 

We compare our proposed algorithm by combining 
LDPC code with three different algorithms. First 
applying RC6 [15], second applying Baker chaotic 
map [16], and finally applying LDPC without 
encryption. We compare among all these algorithms in 
tests for BER, FER, and PSNR.  We will carry out a 
comparison between the image transmission using this 
proposed scheme and the transmission of the original 
image using the previous algorithms. We compare 
between them to determine the performance of our 
proposed scheme and measure the ability for secure 
image transmission and error correction in the noisy 
channel. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 11 Combination of hybrid chaotic map with 
LDPC code in a Shannon channel 

6. EXPEREMENTAL RESULTS 
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 The performance of the combination between 
hybrid chaotic map and LDPC channel coding for 
image transmission through AWGN channel has been 
demonstrated under the simulation parameters shown 
in Table 2. 

 

Table 2 Simulation parameters of proposed scheme 

BPSK modulation Modulation 
LDPC coding 
Code rate = 1/2 
Block length 512-bit  
No of Iterations = 25 

Coding 

From 0 to 2.75 SNR (dB) 
AWGN channel Channel  
Median filter Filter 
Hybrid chaotic encryption using 
FRFT Ciphering 

We combine three different image encryption 
algorithms with LDPC to decide on the best of them. 
First we combine Baker chaotic map with LDPC code 
[16]. Second, combine RC6 with LDPC code [15]. 
Third apply LDPC without encryption; finally our 
proposed algorithm hybrid chaotic map using FRFT 
[14] combined with LDPC code. We make 
comparisons among all these algorithms in some tests 
as BER, FER, and PSNR. The result of the 
combination of different encryption and LDPC can be 
shown in the following tables and figures. 

Table 3 PSNR for different encryption models 
combine with LDPC 

SNR 
Without 

encryption 
Chaotic RC6 

Proposed 
hybrid 
chaotic 

map 
using 
FRFT 

0 13.92 13.56 13.55 13.57 
0.5 14.84 14.56 14.58 14.57 
1 17.11 16.87 16.90 16.89 

1.5 23.00 23.19 22.83 23.00 
2 34.72 34.99 34.70 35.54 

2.5 49.94 52.96 53.91 65.26 
2.75 ∞ 72.47 72.42 72.42 

 

 
Figure 12 PSNR vs. SNR for combining different 

encryption models with LDPC 

Peak Signal to Noise Ratio 

Table 3 and figure 12 show the PSNR against BER. 
Which are the measurements of the ratio between the 
maximum possible power of a signal and the power of 
corrupting noise that affects the fidelity of its 
representation. PSNR values are measured Appling 
four models for the combination of Hybrid chaotic and 
LDPC coding for various Signal to Noise Ratios 
(SNRs) of the received cameraman image. The higher 
PSNR for the proposed scheme indicates more 
efficient system performance. 

Table 4 FER for different encryption models with 
LDPC 

SNR 
Without 

encryption 
Chaotic RC6 

Proposed 
hybrid 

chaotic map 
using FRFT 

0 1 1 0.9997 0.9997 
0.5 0.9877 0.9856 0.9814 0.9824 
1 0.7417 0.7434 0.7385 0.7441 

1.5 0.2263 0.2089 0.2270 0.2187 
2 0.02002 0.0168 0.0166 0.0151 

2.5 0.00073 0.00024 0.00048 0.00024 
2.75 0 0 0.00024 0 
 

Table 5 BER for different encryption models combine 
with LDPC 

SNR 
Without 

encryption 
chaotic RC6 

Proposed 
hybrid 

chaotic map 
using FRFT 

0 0.13069 0.1304 0.13035 0.13015 
0.5 0.10399 0.1037 0.10338 0.10346 
1 0.06082 0.0606 0.060712 0.060706 

1.5 0.01555 0.0142 0.015591 0.014794 
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2 0.00109 0.00097 0.000993 0.000866 
2.5 3.29e-5 1.52e-5 1.57e-5 9.53e-7 

2.75 0 0 0 0 
 

 

Figure 13 BER for combining different encryption 
models with LDPC 

 

 

Figure 14 FER for combining different encryption 
models with LDPC 

Bit Error Rate and Frame Error Rate  

 Tables 4, 5 and figures13 and 14 illustrate the 
BER and FER versus SNR respectively. BER and FER 
are computed after decoding, as a function of signal to 
noise ratio.BER and FER are measured for four models 
of combination of Hybrid chaotic and LDPC code for 
various SNRs. It is clear that the proposed scheme has 
very a small value of the BER and FER at small SNR 
so that it has better error performance.  

 From the previous figures and tables it is clear 
that our proposed algorithm with LDPC gives the best 
results compared with RC6, Baker and the original 
image without encryption. 

Histogram Analysis 

The original image can be shown in figure 15, the 
histogram of the original image and its encrypted 
image using a hybrid chaotic map is given in Figure 16 
and 17. These figures show that the histogram of the 
encrypted image is fairly uniform and completely 
different from that of the original image.  

 
Figure 15. Original Cameraman Image 

 
Figure 16 histogram of original image 

 
Figure 17 Histogram of encrypted  image 

We introduce the performance analysis of our 
proposed algorithm to secure transmission of image 
through a noisy channel by drawing the following 
three figures, which measure the BER FER and 
processing time. It is clear that our proposed algorithm 
gives very small BER at small SNR and it has also 
high PSNR at small SNR.  .  It executes at a short time 
when applying encryption, encoding, decoding and 
decryption of image all these algorithms execute in 
14.55 sec at SNR = 2. Also, it can reconstruct the 
decoded decrypted image as the original image with 
noisy channel, besides, it could secure the transmission 
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image as it clear from the histogram of the encrypted 
image in figure 17. 

 
Figure 18. BER vs. SNR of the received image 
combination of hybrid chaotic encryption and LDPC 
 

 
Figure 19. FER vs.SNR of the received Cameraman 
image with combination hybrid chaotic and LDPC 

The following figures are produced from applying our 
proposed algorithm to secure transmission of the image 
besides error correction. We show the ability of the 
algorithm to correct the errors at different SNRs 

 
Figure 20.Reconstructing image at SNR=1 dB 

 
Figure 21. Reconstructing image at SNR=2 dB 

 
Figure 22. Reconstructing image at SNR=2 dB 

using median filter 

 
Figure 23. Reconstructing image at SNR=2.5 dB 

image besides error correction 

Figures 20, 21, 22 and 23 give the reconstructed image 
of the proposed scheme at different values of SNR 
over AWGN channels. As shown a small change in 
SNR yields high quality in the reconstructed image. 

 It is observed that in the case of the reconstructed 
image for a channel with SNR = 1, 2, 2.5 dB with the 
combination of hybrid chaotic map and LDPC coding, 
it is possible to reconstruct the image clearly with the 
combination of LDPC coding, and the image is 
reconstructed without distortion. we don't need to 
retransmission of image when it noisy therefore our 
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proposed algorithm increases the throughput of the 
system. The use of median filter on the receiver side 
improves the reconstruction of the image in the 
presence of noise as is clear in figure 22.Our proposed 
scheme is effective for secure image communication 
over the wireless noisy channel. 

7. CONCLUSION 
 In this paper, we proposed a scheme for the 
combination of image encryption and error correction 
code. The proposed scheme combines image 
encryption based on hybrid chaotic encryption, and 
error control coding based on LDPC channel coding. 
Simulation results show that the proposed scheme 
enhanced the performance parameters and achieved 
both security and reliability of image transmission 
through the wireless channel. The proposed scheme is 
suggested for secure image transmission over wireless 
channels. It proposes to apply encryption before 
coding because of shorter execution time than when 
applying coding, prior to encryption; besides, it gives 
good result in the reconstruction of the image at the 
receiver side. Also as is evident from the results in this 
paper, LDPC gives better results than Turbo code. Our 
proposed scheme yields better results than RC6, Baker 
map and without encryption. Finally we can conclude 
that our proposed scheme is very effective for secure 
image communication over wireless noisy channels. 
Further works is needed for developing an 
optimization scheme for the security issues and error 
correction code for wireless image transmission.  
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Abstract: HF channel is a common multipath propagation 

resulting in frequency selective fading, SC-FDE can better resist 

frequency selective fading, but commonly used frequency 

domain equalization algorithm needs to get channel estimates. In 

this paper, the research is applicable to SC-FDE inHF channel. The 

algorithm is after the conventional channel estimation algorithm, 

used the interpolation algorithm to reduce the number of pilot in 

the frame structure to improve the transmission efficiency and 

use overlap FDE with MMSE-RISIC to improve the 

transmissionperformance. Through the simulation prove that the 

algorithm has good use to estimate the channel estimates also 

improve the spectrum utilization efficiency. 

 

Keyword HF Channel. Overlap FDE.MMSE-RISIC. 

Interpolation Algorithm Channel Estimation. 

 

1. INTERODUCTION 

Sky wave transmission of the HF communication is 

influenced by the ionosphere seriously which lend to more 

serious multipath effect.Multipath effect will lead to 

frequency selective fading, broaden thewaveform of received 

signal and produce intersymbol interference (ISI)which limits 

the transmission performance and transmission efficiency of 

digital communication. The existing multicarrier orthogonal 

frequency division multiplexing (OFDM) and single carrier 

time-domain equalization technology (SC-TDE) in combating 

multipath fading channel has good performance, but OFDM 

suffers from peak-to-average power ratio (PAPR) are relatively 

high and also have the disadvantages of sensitive to carrier 

frequency offsets, and the computation complexity of TDEs is 

considerable high to handle severe ISI due to high speed data 

transmission in SC-TDE system. Single carrier frequency 

domain equalization (SC-FDE) technique with single carrier 

transmission overcomes the disadvantage of PAPR are 

relatively higher in OFDM and the frequency domain 

equalization overcomes the disadvantage of time domain 

equalization with large amount of computation. 

HF channel is composed of many propagation paths with 

different time delays and has a narrow bandwidthlead to high 

rate transmission is so difficult and characterized by a 

severely frequency-selective channel. In this paper, based on 

the single carrier frequency domain equalization on the 

premise of guarantee the transmission performance and then 

proposed a single carrier frequency domainsystem which can 

improve transmission efficiency. 

 

2. CONVENTIONAL SC-FDE SYSTEM DESCRIPTION 

SC - FDE baseband signal processing block diagram is 

shown in Figure 1. In thetransmitter, after modulation the 

data blockswhich length is N then insert Unique Word 

(UW)that length is  and receiver is known. The must 

be greater than the value of multipath time delay symbol 

length is caused by the biggest path delay of channel.For 

example, generallyin the HF channelconsidered the biggest 

path delay of channelis 5ms to fully estimate the channel 

impulse response (CIR).After the synchronization of receiver, 

extraction of each block UW sequence to estimate channel 

frequency response of the current time, then via theFFTblock, 

then transmit the data blocks to frequency domain to 

processfrequency domain equalization. After that put the 

signal to process IFFT get the time domain signal. At 

last,remove the UW sequencesand demodulationthe time 

domain signal is in order torestore bits. Different from 

thestructure of time domain equalization, the coefficients 

offrequency domain equalization is multiple single filter is 

same to the frequency domain form of the time domain filter 

coefficient. 

 

Fig.1. The signal processing flow of SC-FDE 

In the SC - FDE system, UW sequence can be used as cyclic 

prefix (CP), which can used to pilot sequences to do channel 

estimation.As the UW sequence been the CP,the length of 

data must be greater than the length of the response of the 

channel in order to eliminate ISI.As the UW sequence been 

the pilot sequences,for UW sequences with good correlation 

and cyclical, smooth frequency response.According to the 

IEEE802.11a standardcommonly use UW sequence such 

as:Chu, Frank - Zadaff,PN sequences, etc. In this paper,use the 

Chu sequence as UW sequence. The conventional frame 

structure is shown in Figure 2. 

 

 Fig.2. Conventional frame structure 

The time domain impulse response (CIR) of Multipath 

fading channel can be represented as: 

2-1  

whereL is the total number of paths,  isDoppler frequency 

shift of ,  is the time delay of ,T is the cycle of a 

transmission block,  as the sampling period, as 

the sampling time. 

The transmitdata is additive white Gaussian noise 

(AWGN)in the channel. In the receiver, the received signal can 

be represented as: 

2-2  

where in is convolution symbol, represented 

astransmit signal,  represented asthe channel impulse 

response,  is AWGN channel of mean to 0, variance for 

sigma is . In the ideal state, Because of the CP, the linear 

convolution could convert to cyclic convolution, namely: 
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2-3  

In type (2-3)on both sides use Fourier transform which can 

get the expressions of the frequency domaincan be 

represented as: 

2-4  

In type(2-4)  isdiscrete Fourier transformof , that is 

channel frequency response.Discrete Fourier transform of 

 is . 

 

3. FREQUENCY-DOMAIN EQUALIZATION 

3.1 The LS channel estimation algorithm  

Line frequency domain equalization algorithm used 

MMSE, ZF commonly,whichneed the value to offset ISI.In 

order to get the  must be on channel estimation. At 

present, channel estimation algorithm used least square (LS) 

channel estimation algorithm is proposed commonly which 

compare to minimum mean square error (LMMSE) channel 

estimation algorithm that has advantages of small amount of 

calculation and easy to realize. In this paper, the channel 

estimation algorithm use LS channel estimation. 

LS channel estimation is according to the least squares 

criterion to get the channel estimationalgorithm. In(2-4)can 

be represented by matrix as: . According to the 

least squares criterion,defining the cost function as: 

3-1  

where  is pilot sequences that is known by reception,

. is pilotsequences signal via 

the channel to receive the column 

value, . isthe pilot 

position corresponding the channel frequency 

responsecolumn value,

. is the length of the pilotsequences. In order to get 

best channel estimate of ,so the about  the 

first-order and second-order derivatives: 

3-2  

3-3  

Could be concluded that the second derivative is bigger 

than zero,there exist a minimum value. Order first derivative 

is zero, you can get: 

3-4  

The LS channel estimation all operations in frequency 

domain,because of its simple structure, so it has been widely 

used. 

 

3.2 Pilot block interpolation channel estimation algorithm 

Conventional LS channel estimationassumed channel to 

be a static channel within a block of data, that is in the 

duration of a block of data assumes that the channel impulse 

response remains the same. If want to get an accurate 

channel estimation value, must proceed channel 

estimationfrequently as to need pilotsequences that will 

make system have a low transmission efficiency. Especially for 

HF channel which has narrow bandwidth,the resource of 

spectrum is extremely tense. Due to the HF channel under 

influence of multipath effect,Doppler frequency shift and the 

Doppler spread lead to higher-order modulation hardly, 

improved transmission rate was difficult. In 

conventionalSC-FDE system used many UW sequences to 

improve the performance of the system but reduce the 

transmission efficiency of the system. Based on the situation, 

proposed amethod ofreduce pilot sequences and used the 

interpolation algorithm to obtain all data blocks 

corresponding channel estimates value. Figure 3 is based on 

the interpolation algorithm design of frame structure. 

 

Fig.3. Theimproved frame structure of abrupt transmission mode 

In the conventional system is a pilot sequences connect a 

block of data, but in the improved frame structure is a pilot 

sequences connect manyblocks of data. For example, in figure 

3 frame structure used fore and aft pilot blocksto get channel 

estimation .Then thechannel estimation of 

data ( is the number of data blocks)were obtained 

through the interpolation algorithm. 

If channel time varying is not fast and decline is not 

serious could use line interpolation algorithm to get the value 

of channel estimation. But in HF channel, the fading is 

frequently,the low orderinterpolation algorithm to get the 

accurate channel estimation value of data is hardly, could use 

high order interpolation algorithm to do that. The commonly 

used high order interpolation algorithm such as: spline, cubic, 

etc. Using high order interpolation algorithm need more 

reference point (pilot sequences) to improve the estimation 

accuracy. So if the transmission mode is continuous 

transmission, the frame structure as shown in Figure 4. 

 

Fig.4.Theimproved frame structure of continuous transmission mode 

In Figure 4 can get 4 values of channel estimation 

through 4 blocks of UW sequences according to the LS 

channel estimation algorithm 

respectively. . Then used 

interpolation algorithm toget , insertedN databetween  

and  .Nis the numberof blocks of data that is between 

UW sequences. In figure 4 N is 4. After that will get the value 

of channel estimation block of 

data ,  

is the value of channel estimation about the 12 blocks of data 

respectively. Figure 5is a frequency spectrumcurveline is used 

interpolation to estimate channel.  

 

 

Fig.5. The sketch interpolation channel estimation algorithm 

The number and length of data blocks should be 

adjusted according to different channel,the number and 

length of data blocks may be appropriately increased when 

the situation of channelis better. When channel condition is 

bad should decrease the number and length of data blocks to 

make data transmission correctly. This method use fewer 
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pilotsequences get the location ofchannel estimation, then 

use interpolation algorithm to get each channel estimation 

value of block data. Compared with conventional SC-FDE 

system,the interpolation algorithm saves many pilot blocks. 

The spectrum resource is very nervous in HF channel, use this 

method decreasenumber of pilot block to improve the 

transmission efficiency. 

 

3.3 Overlap FDE 

In SC-FDE system the frequency domain equalization is 

important, used line frequency domain equalization 

algorithmcommonly,such as: MMSE, ZF. Both of them need 

the value of channel estimation . The value of channel 

estimation is more accurate then will get the more 

accurateresult after equalization. 

Theory suggests that, MMSE is better than ZF, because of 

stable and good performance,the equalizer coefficients are 

expressed as: 

(3-5) 

where  isthe noise variance. In this paperis based on 

MMSE frequency domain equalization. 

In the improved frame structure reduce the UW 

sequence (without CP)would produce inter block Interference 

(IBI) betweenblock of data.Overlap FDE requires no CP 

insertion and which could eliminate the IBI between the block 

of data. Assumes the channel impulse response (CIR) length is 

L,due to noise and multipath effect, the send block of data 

exist IBI. Then after a length of M block of data reached the 

receiver, the length will spread toM+L, Interference between 

adjacent data block that length is L.Conventional SC-FDE 

system use CP to resist IBI. Overlap FDE specific process as 

shown in Figure 6. 

 

 

Fig.6.The signal processing flow of overlap FDE 

The Overlap FDEneed accurate value of channel 

estimation, otherwise Overlap FDEcan resist the deep fading 

channel and dynamic channelperformance badly. But pilot 

block interpolation channel estimation algorithm will get 

relative accurate channel estimation.If the channel conditions 

badly and IBI serious could increaseoverlap length L to 

improve the system performance. 

 

3.4 MMSE-RISIC FDE 

MMSE-RISIC is an algorithm based on MMSE, 

MMSE-RISIC iseliminatingresidualinter symbol interference 

(ISI) which is after MMSE equalization.Assume is symbol 

after MMSE line equalization. 

via(2-4) and (3-5) could get: 

 

(3-6) 

In (3-6)  

(3-7) 

(3-8) 

where , ,  is 

frequency domain form of residual inter symbol interference 

that is after frequencyequalization. isfrequency domain 

noise. For (3-6) proceedIFFTtransform could get: 

(3-9) 

where  is residual ISI time 

domain form.  is time domain noise after equalization. 

Conventional process mode is direct decision after 

MMSEfrequency equalization,because of  exist, can not get 

best decision.If estimate  and eliminate it will get more 

accuratedecision.When calculat  use instead of , lead 

the estimate value between the real value will be difference 

to generate additional interference.In order to eliminatethe 

additional interference can iterative use MMSE-RISIC. 

The structure diagram of MMSE-RISIC as shown in 

Figure7. 

 

Fig.7.The signal processing flow of MMSE-RISIC 

 

4. SIMULATION RESULTS 

    The bit error rate (BER) performance of improved 

SC-FDE is simulated with assumption that the synchronization 

is perfect and without coding. Used HF channel that 

bandwidth is 3KHz, Doppler frequency spread is 

1.5Hz,Themultipath is 2 and the biggesttime of delay is 

2ms.used BPSK modulation.The monte carlosimulation times 

is 5000. 

 

 

 Fig.8. Compare different interpolation algorithm 

 

As can be seen in Figure 8, consider LS value of channel 

estimation is perfect without consider Gaussian noise. The 

spline interpolation is better than line interpolation. The line 

used spline interpolation is more close to the real frequency 

fading line. The rest of the simulation use spline to 

interpolate. 
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 Fig.9. Analysis interpolation of HF channel estimation with CP 

 

As can be seen in Figure 9, this simulation used 

abruptframe structure. Conventional frame structure likes 

Figure 2.The length of FFT block is 512 and the length of CP is 

16. Interpolation frame structure likes Figure 3, the number 

of DATA is 4, the length of FFT block is 128 and the length of 

CP is 16. In Figure 9, due to reduce the length of FFT by 

interpolation withoutincrease times of channel estimation 

can have a larger performance improvement than 

conventional system. In the figure also can see MMSE-RISIC 

can have a better performance compare with MMSE and 

iteration 4 times is better than use RISIC 1 time. 

 

Fig.10. Analysis overlap FDE 

 

                Fig.11. Analysis the length of overlap 

As can be seen in Figure 10 used frame structure is 

Figure 12, As the FFT length is 256, the number of UW is 4, 

the number of DATA between UW is 4 and a total of DATA is 

12.As the FFT length is 128, the number of UW is 4, the 

number of DATA between UW is 8 and a total of DATA is 24. 

In the simulation use overlap FDE without CP, used 

interpolation and overlap can improve the efficiency of 

system. In Figure 11 the FFT length is 256, increased the 

length of overlap can improve the performance of system 

and it is close toperformance of system with CP. 

 

5. CONCLUSION 

In this paper, used interpolation can decrease the length 

of FFT to improve the performance of system. Used 

interpolation and overlap can on the premise of ensuring 

performance of system to improve the transmission efficiency 

of system. Using MMSE-RISIC can have a better performance 

by eliminating ISI. In HF channel, conventional SC-FDE is 

wastedthe frequencyspectrumresources of HF channel,on the 

contrary, this paper providemethods can save the frequency 

spectrum resources and improve the transmission efficiency 

of system with goodperformance of system. 
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  Abstract- This document describes the construction process of a 
power propagation model for a GSM antenna located at ESPOL 
engineering campus in Guayaquil, Ecuador. The model is based 

upon Lee propagation modeling techniques and its approach 
microcell and suburban areas. This methodology helps us work 
out a prediction equation that is able to calculate an accurate 
estimation for signal power at any point within antenna's 
coverage area and a characteristic curve that compiles antenna's 
surroundings features. The analysis includes a deep insight on 

obstruction phenomenon caused by buildings and how they 
impact signal propagation. The outcome model is thought to be 
used as a learning tool for academic purposes and it is intended 

to give students an easy overview of some key concepts about 
signal propagation theory. 

Key words: Lee propagation model, campus environment, fading, 
learning tool. 

I.    INTRODUCTION 
 

   This document presents the construction of a propagation 

model for a GSM 850 MHz antenna surrounded by university 

campus environment. The outcome model is based upon Lee 

methodology for power fading at outdoor suburban areas and 

works out a power prediction equation for any point within 

antenna's coverage area and a characteristic curve that 

compiles antenna's surroundings features. The Lee modeling 

approach is an accurate technique for received power 

estimation that includes the effect of buildings on propagation 

analysis and focuses on microcells for urban and semi urban 

environments. This model is able to assess the fading 

generated by the obstruction of buildings located in the 

straight propagation path between the transmitter antenna and 

the mobile receiver [1, 2]. The analysis presented in this 

investigation includes a deep insight on obstruction 

phenomenon caused by buildings and how they impact signal 

propagation. The outcome model is thought to be used as a 

learning tool for academic purposes and it is intended to give 

students an easy overview of some key concepts about signal 

propagation theory.  
 

II.   CONSTRUCTION PROCESS 

2.1   INTRODUCTION TO LEE'S MICROCELL PROPAGATION 
MODEL 

    It is well known that buildings directly affect propagation of 

electromagnetic wireless signals, this is particularly crucial at 

urban environments in a mobile system context because they 

have an important impact in terms of signal attenuation [2]. 

We might tend to think that power received by a mobile 

receptor comes from waves crossing through buildings along a 

propagation path but reality is all power comes from reflected 

waves which is commonly called multipath reflection 

phenomenon. Despite the fact of multipath reflection 

phenomenon, there is a relation between received power and 

the number of buildings in the propagation path. When the 

number of buildings in between a transmitter and a receiver 

increase, signal power perceived by a receptor decreases as a 

result. Certainly, buildings play a big role in signal 

propagation modeling and it is necessary to include them as 

part of the analysis. 
 

    Lee's microcell propagation model is a power prediction 

technique that includes the effect of buildings on propagation 

analysis. It is widely applied to mobile cellular systems with 

cell coverage radius less than 1 kilometer. Lee's methodology 

is very easy to implement and provides faster and more 

accurate results in terms of signal power prediction when 

compared to other generic propagation models [3, 4, 5]. 
 

2.2  PROPAGATION MODEL INSIGHT  

    Lee's microcell model was developed for mobile systems 

microcells located at urban and semi urban environments. As 

stated before, buildings in this type of surrounding 

configuration are directly related to power attenuation on 

electromagnetic wireless signals. The Figure 1 illustrates this 

concept. 

 

 
Figure 1. Buildings obstruction [1]. 

 

The model presents a power prediction equation and a 

methodology for detailed analysis of building obstruction 

using the help of empiric characteristics curves based upon 

field measurements. It also addresses some interesting and 
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useful concepts such as block building density, obstruction 

distance and equivalent obstruction distance. Further 

explanation on these concepts will be provided later in the 

document [1]. 
 

2.3   LEE'S MICROCELL EQUATION 

Lee's microcell equation is presented below:  

 

)(),()( 1 BLhdLPAP bAlostr −−=
(1) 

 

    Where Pr(A) is received power at a random A point within 

the coverage area, Pt is the effective radiated power (ERP), 

Llos(dA) is line of sight loss at dA distance from the source. The 

last parameter is Lb that represents any loss mainly associated 

to buildings obstruction along the propagation path and it 

normally depends on the buildings obstruction distance 

denoted as B [1]. 

 

2.4   MODEL CONSTRUCTION, CASE STUDY: GSM ANTENNA AT 
ESPOL ENGINEERING  CAMPUS 

    ESPOL engineering buildings are located within coverage 

limits of a GSM 850 MHz microcell antenna. The Figure 2 

shows ESPOL campus engineering area mapping. Black box 

is antenna's location and red points are to be considered for 

model construction that will be explained in more detail later 

in this section.                                

   
 

 
 
 

Figure 2: ESPOL campus engineering area. 

    The Lee's equation (1) is made out of four terms: received 

power, effective radiated power, line of sight loss and 

environmental loss mainly caused by surrounding buildings. 

At first glance, three out of four terms are either known or can 

be easily calculated. Pr(A) is obtained by measuring using in 

this case the NARDA SRM 3000 spectrum analyzer, Pt is a 

transmission system's constant, and line of sight loss is 

calculated using Equation 2 as follows [6]. 

 

λ
π A

los

d
L

4
log20=  (2) 

 
    Given that only Lb is unknown and everything else can be 

obtained in one way or another, Lee's equation can be solved 

for Lb. Part of the analysis consists on measuring signal power 

from source antenna at every point in the sample propagation 

path (red points depicted at Figure 2). Table I shows the 

measurements compilation. 

TABLE I 

SIGNAL POWER MEASUREMENTS AT DIFFERENT DISTANCES ALONG THE 
SAMPLE PROPAGATION PATH 

    The Figure 3 shows the received power versus distance plot 

on the sample propagation path, where all values were taken 

off Table I. It is important to notice that only average values 

were included in the plot. 

 

Figure 3. Received power versus distance 

Distance [m] Sample 1 [dBm] Sample 2 [dBm] Sample 3 [dBm] Sample 4 [dBm] Sample 5 [dBm] Average [dBm]

10 -80.59 -80.59 -79.04 -80.59 -80.04 -80.17

15 -76.19 -76.19 -76.19 -76.19 -76.19 -76.19

20 -80.56 -80.56 -83.83 -80.56 -81.52 -81.40

25 -87.78 -87.78 -87.78 -87.78 -87.78 -87.78

30 -82.61 -82.61 -86.13 -82.61 -83.63 -83.52

35 -82.52 -82.52 -82.52 -82.52 -82.52 -82.52

46 -79.36 -80.90 -80.30 -80.10 -80.16 -80.16

52 -83.27 -83.27 -82.32 -83.27 -82.94 -83.01

55 -85.57 -85.57 -85.57 -85.57 -85.57 -85.57

59 -87.86 -89.29 -89.14 -88.54 -88.74 -88.71

63.6 -87.31 -87.31 -87.31 -87.31 -87.31 -87.31

67.6 -85.44 -85.44 -89.59 -85.44 -86.62 -86.51

75 -83.62 -83.57 -83.59 -83.60 -83.59 -83.59

84 -86.04 -81.28 -82.65 -83.34 -83.10 -83.28

96 -87.13 -87.29 -85.84 -87.21 -86.73 -86.84

104 -91.36 -88.54 -85.87 -89.84 -88.31 -88.78

114 -89.51 -87.65 -88.97 -88.53 -88.68 -88.67

122.8 -90.69 -91.45 -92.11 -91.06 -91.40 -91.34

129 -92.54 -92.54 -92.54 -92.54 -92.54 -92.54

131.2 -95.11 -95.47 -94.47 -95.29 -95.01 -95.07

132.4 -89.32 -94.60 -95.77 -91.57 -92.76 -92.81

133.6 -93.09 -93.09 -93.09 -93.09 -93.09 -93.09

135 -87.15 -87.70 -91.07 -87.42 -88.48 -88.36

146 -86.80 -87.88 -91.31 -87.33 -88.46 -88.36

157.2 -89.81 -86.74 -88.55 -88.14 -88.27 -88.30

166 -93.37 -91.39 -93.97 -92.33 -92.84 -92.78

179.6 -92.81 -91.13 -91.66 -91.93 -91.84 -91.88

197.2 -98.29 -95.69 -97.98 -96.89 -97.24 -97.22

204 -101.84 -103.26 -105.50 -102.52 -103.41 -103.31

202 -101.58 -97.94 -104.86 -99.57 -101.00 -100.99

205.2 -110.05 -104.31 -110.22 -106.71 -107.73 -107.81
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The effective radiated power (ERP) is a generally known 

transmission system constant; in this case, it is -135.2 dBm. 

The line of sight loss -as stated before- is to be determined 

using Equation 2. At this point, three out of four Lee's 

equation terms are known and it can be effectively solved for 

Lb. Table II shows a summary of result values. 

TABLE II 

SUMMARY OF LEE'S MODEL RESULT VALUES. 

 

The environmental obstruction at ESPOL engineering area 

mainly consists on mid-size buildings and its obstruction 

length calculation is not an easy endeavor. In some cases, it 

gets really hard to accurately figure out what this value is; 

therefore it is necessary to present a practical and very useful 

concept: the equivalent obstruction length Beq, which 

estimates the B value by using block occupation density. The 

Figure 4 illustrates this concept.  
 

 
 

Figure 4. Equivalent obstruction length concept illustration [1] 
 

The Figure 4 shows three blocks named Ma, Mb and Mc in 

between the transmitter antenna and a sample point A. B 

would be the result of calculating every single obstruction 

caused by buildings along an imaginary straight propagation 

path between the transmitter antenna and point A. In order to 

simplify this process, Lee suggests the following [1]: 

 

First, calculate building occupation density of a block using 

Equation 3:  

t

e

i
A

A
P =

  (3) 

In this case, Pi represents i-th block's occupation density, Ae 

the buildings occupation area, and At the total area in the 

corresponding block. In the example shown in Figure 4, we 

have that Pa, Pb, and Pc are the corresponding occupation 

densities of blocks A, B, and C respectively.  

 

Second, calculate the total obstruction length of every block 

along the propagation path between the transmitter and the 

receiver, which in our referred example corresponds to obtain 

the distances a, b, and c. 

 

Finally, the equivalent obstruction length Beq at point A 

shall be calculated as follows: 

 

cbaeq PcPbPaAB ...)( ++=   (4) 

 

In this equation, Beq estimates the real obstruction length 

value notated as B, being Beq much easier and faster to 

compute than actual B. Then, Lee's equation is rewritten as 

follows: 

  

))(()()( ABLdLERPAP eqbAlosr −−=   (5) 

 

    In summary, the values of Lb and Beq have to be found for 

every point in the sample propagation using the procedure 

described above. The relation between these values is 

presented as a plot of Lb versus Beq, which is usually known as 

the characteristic empiric curve of the model, and in this 

particular case the curve is associated to ESPOL engineering 

campus area. The Table III shows Lb and Beq values. 

Table III 
LB AND BEQ 

 

 
 

 

 

 

 

 

 

 

 

 

Distance [m] Average received power [dBm] ERP [dBm] Lb [dB]

10 -80.17 -75.27 51.25 -46.35

15 -76.19 -75.27 54.77 -53.86

20 -81.40 -75.27 57.27 -51.14

25 -87.78 -75.27 59.21 -46.70

30 -83.52 -75.27 60.79 -52.55

35 -82.52 -75.27 62.13 -54.89

46 -80.16 -75.27 64.51 -59.61

52 -83.01 -75.27 65.57 -57.83

55 -85.57 -75.27 66.06 -55.76

59 -88.71 -75.27 66.67 -53.23

63.6 -87.31 -75.27 67.32 -55.28

67.6 -86.51 -75.27 67.85 -56.61

75 -83.59 -75.27 68.75 -60.43

84 -83.28 -75.27 69.74 -61.72

96 -86.84 -75.27 70.90 -59.33

104 -88.78 -75.27 71.59 -58.08

114 -88.67 -75.27 72.39 -58.99

122.8 -91.34 -75.27 73.04 -56.97

129 -92.54 -75.27 73.46 -56.19

131.2 -95.07 -75.27 73.61 -53.81

132.4 -92.81 -75.27 73.69 -56.15

133.6 -93.09 -75.27 73.77 -55.95

135 -88.36 -75.27 73.86 -60.77

146 -88.36 -75.27 74.54 -61.45

157.2 -88.30 -75.27 75.18 -62.15

166 -92.78 -75.27 75.65 -58.14

179.6 -91.88 -75.27 76.34 -59.73

197.2 -97.22 -75.27 77.15 -55.20

204 -103.31 -75.27 77.44 -49.41

202 -100.99 -75.27 77.36 -51.64

205.2 -107.81 -75.27 77.50 -44.96

L
los 

[dB]
 

Beq [m] Lb [dB]

11.41 -61.72

18.41 -56.97

19.02 -58.08

20.58 -56.19

21.91 -60.77

22.82 -59.33

24.87 -61.45

24.99 -58.99

25.23 -62.15

25.90 -59.73

27.89 -55.95

28.55 -53.81

30.54 -56.15

34.53 -58.14

44.69 -44.96

48.77 -51.64

51.74 -55.20

53.51 -49.41
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The equation that results after the application of a linear 

adjustment procedure of Lb and Beq is as follows: 

 

81.1242751.0 −= eqb BL   (6) 

At this point, after finding an approximate relation between 

Lb and Beq, the model construction process is finished. 

Therefore, the model is entirely described in terms of the 

transmission system's characteristics and its surroundings 

configuration. After replacing all the parameters described 

above, the Lee's customized equation looks as follows:  

 

( )81.1242751.0
4

log202.135)( −−







−−= eq

A
r B

d
AP

λ
π

  (7) 

 

III. MODEL VALIDATION 

The ultimate outcome of this work can be summarized into 

the customized Lee's equation (7). It presents ESPOL 

Engineering GSM antenna's propagation model explained in 

terms of particular parameters related to the transmission 

system's characteristics and surroundings configuration. 

  

Lee's procedure for model validation is presented below: 

 

1 Map the coverage area clearly and identifying 

building blocks and streets.  

2 Calculate the occupation ratio of every building 

block. 

3 Choose a random sample point within the coverage 

area. 

4 Identify building blocks in between the source 

antenna and the sample point.  

5 Calculate equivalent building obstruction length (Beq) 

along the straight propagation path between the 

source antenna and the sample point.  

6 Estimate building obstruction loss (Lb) by evaluating 

the characteristic curve of the coverage area (Lb vs B) 

using an equivalent building obstruction length (Beq), 

previously calculated in point 5. 

7 Calculate the received signal power at sample point 

by using equation 7.  

8 Measure actual received power at sample point. 

9 Compare the two values obtained in the two previous 

points. 

 

The Table IV shows a comparison between the expected 

values calculated using Lee's customized equation (7), and the 

actual power measurements at eight random selected sample 

points within the antenna's coverage area at ESPOL 

engineering campus. 

 

The Figure 5 shows the plot of the Table IV data, the blue 

line corresponds to the estimated values calculated using Lee's 

model equation, and the red line depicts the actual power 

measurements.  

 

Table IV 
LEE'S MODEL PREDICTION VERSUS ACTUAL MEASUREMENTS 

 

 

 
Figure 5. Comparison between customized Lee model prediction 

(blue curve) and field measurements (red curve) values. 
 

CONCLUSION 

Even though the studied area could not be exactly 

considered as suburban, which is a Lee's model requirement, 

the outcome of the customized Lee model based upon real 

measurements happens to be a very good estimation for the 

received power prediction in a university campus 

environment.  

The signal power behaves differently as expected in some 

examined points along the coverage area, such as the case of 

P6 observed in Table IV. This behavior could be explained as 

unusual power variations produced by refraction and 

superposition of diffracted signals [2].   

The procedure for model customization and validation 

process described in this research effort will be used as a 

learning tool, in a wireless communications or propagation 

class in the form of laboratory experience. The tool is thought 

to give students a hands-on learning experience with an 

overview of some key concepts on propagation theory.  
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