




Preface

´

This special issue of the Journal of Telecommunications and Information Technology pro-
vides selected articles that have been published in this quarterly in recent years, with three
exceptions. The first one is the acceptance speech by Hamadoun Touré, ITU Secretary Gen-
eral, at the ceremony of awarding him the title of Doctor Honoris Causa of the Wrocław
University of Technology (Poland), on 14 September 2010 (reproduced with the kind consent
of the author). The second exception is the foreword by Magdalena Gaj, Deputy Minister,
Undersecretary of State in the Ministry of Infrastructure, Poland. The third one is the text
by Wojciech Hałka, Director General, National Institute of Telecommunications, Poland,
focused on international co-operation of the Institute, especially with the ITU.

This special issue is published with the delegates to the 19th ITU Plenipotentiary Conference
in mind. Like the previous such conferences, this one is the key event for the development
of information and communication infrastructure and services, worldwide. The ITU Member
States gathered at Guadalajara Mexico, from 4 to 22 October 2010, decide together upon
the current problems and future role of the Union. At this occasion the delegates discuss
informally also other issues related to the conference agenda but not listed explicitly in it.
Bilateral collaboration is one of such issues that contributes significantly to the success of
the Union.

Dr. Toure in his acceptance speech focuses on broadband services and universal access to
them as a key issue. Minister Gaj underlines that Poland is open to collaboration. As an old
ITU Member country, Poland has been well known to all delegates, but it is now undergoing
fast changes. Minister Gaj and Director Hałka offer brief information on the status and
progress made recently. The remaining texts cover various topics within the scope of the
Journal. Their selection offered here may help in giving the reader an idea on what topics
deserve such collaboration and with whom.

The Journal of Telecommunications and Information Technology is published in English by
the National Institute for Telecommunications, Poland. It publishes original contributions
related to telecommunication and information issues produced by its staff and/or submitted
from around the world. All papers are subject to peer review. The electronic version of the
Journal is available at http://www.itl.waw.pl/publikacje/kwartalnik-jtit.

Ryszard Strużak
Guest Editor





Broadband Challenges
Acceptance Speech Presented at the Ceremony

of Awarding Dr. Hamadoun Touré the Title of Doctor Honoris Causa
of Wrocław University of Technology, Poland, 14 of September 2010

Dr. Hamadoun Touré

ITU Secretary General

Excellencies,

Distinguished guests,

Ladies and gentlemen,

It is a great pleasure to be here with you in Wroclaw today

and it is a tremendous honour for me to have been made

an Honorary Doctor of this fine institution.

I am here today to accept this honour, but also to share with

you my passion, as leader of the International Telecommu-

nication Union, to Connect the World – and in particular

to ensure that the digital divide is not allowed to become

a broadband divide.

Here in Poland, tremendous progress has been made in

the adoption and use of information and communication

technologies, ICTs, especially over the past decade.

Indeed, with mobile cellular penetration of 117% at the

beginning of 2010, it would be hard to find a Polish person

of any age today without access to a mobile phone.

And an emerging knowledge society is clearly taking shape

here, with close to 60% Internet penetration in Poland by

the end of last year, and almost all access to the Internet

now taking place over broadband connections.

Ladies and gentlemen,

Is broadband really that important? It is that important!

I cannot over-stress this. Imagine trying to do any skilled

work or apply for any skilled job in the modern world to-

day without a broadband connection. Imagine how difficult

things would be for any of us in the room here today, with-

out email or web access. No online shopping. No access

to the vast wealth of information resources on the internet.

And this is just the very beginning.

We cannot predict how the development of the information

society, built on broadband, will enrich the lives of every-

one on the planet, but we can already see, as the second

decade of the 21st century unfolds, that broadband is an

extraordinary tool for social and economic development.

Indeed, it is perhaps the greatest opportunity we have ever

known for human progress.

It is my firm belief that broadband is – and will continue

to be – an extraordinary enabler; especially in the develop-

ing world, and especially in countries with large rural and

remote populations.

Let me give you just a few examples:

With broadband networks, health services can be delivered

far more effectively to ageing or isolated populations. Re-

mote monitoring of patients, for example, has proven to

be far more effective than bringing people in to clinics or

hospitals.

With broadband networks, we can better educate the next

generations of children, wherever they live. With wireless

and mobile networks we can reach out to them wherever

they are.

With broadband networks, traffic networks can be stream-

lined, government services can be delivered more effi-

ciently, and energy supplies can be properly monitored,

controlled and conserved.

With broadband networks, we can create the right envi-

ronment for applications like mobile banking, which can

improve the lives of hundreds of millions of people around

the world.

With broadband networks we can help to ensure environ-

mental sustainability and help to manage and mitigate cli-

mate change.

And with broadband networks, progress can be accelerated

towards meeting the Millennium Development Goals.

Distinguished guests,

Two things need to change if broadband is to become

a ubiquitous resource for all the world’s people.

Firstly, governments need to raise broadband to the top of

the development agenda so that rollout is accelerated and

the benefits are brought to as many people as possible.

And secondly, broadband needs to become much more af-

fordable around the world.

Looking at the second point first, there are quite extraor-

dinary disparities today between the affordability of broad-

band access in different countries around the world.

Let me give you some dramatic figures from ITU’s ’Mea-

suring the Information Society 2010’ report.

In the top 21 countries included in the fixed broadband In-

ternet sub-basket, published in the report, broadband sub-

scriptions cost less than 1% of average monthly income –

and under 3% of average monthly income in a further

22 countries. Here in Poland, for example, the figure is

just 1.4%.

At the other end of the scale, in the most expensive 28 coun-

tries in ITU’s list – most of which are UN-designated Least

Developed Countries, LDCs – a monthly broadband sub-

scription costs over 100% of average monthly income.

What a terrible irony that is!
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Hamadoun Touré

´Fig. 1. Dr. Hamadoun Toure receives his certificate of Ph.D. HC awarded him by the Wrocław University of Technology, Poland

(handed by prof. Daniel Bem). c©Wrocław University of Technology.

´Fig. 2. Dr. Hamadoun Toure in the Hall of Wrocław University of Technology offering his formal Acceptance Speech. c©Wrocław

University of Technology.
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´Fig. 3. Dr. Hamadoun Toure opening the commemorating inscription with his name accompanied by prof. Tadeusz Więckowski (Rector

of Wrocław University of Technology). c©Wrocław University of Technology.

The people who can least afford access to broadband are

being asked to pay the most, relative to their income.

This is scandalous. But there are grounds for optimism,

and broadband access is getting more affordable every year.

Worldwide, broadband prices dropped by 42% between

2008 and 2009, and broadband became more affordable

in almost every market across the globe last year.

There are many reasons for this, and I am confident that

broadband will continue to get more affordable as time goes

on. One of the most important drivers in terms of bringing

down costs in both the developed and the developing world

has been an ongoing increase in capacity, itself driven by

a newly competitive environment.

In Africa, for example, we are seeing new broadband ca-

pacity coming on-stream fast, and I was delighted to be

personally present in Kenya when a new submarine cable

was brought onshore in March, and then to be in French

Guiana just last month to see new satellites for Africa being

launched.

These are truly inspirational events, and signs of the very

positive times in which we live.

Ladies and gentlemen,

Let me turn now to the need for government leaders to

promote broadband at the national level.

Broadband networks deliver benefits across society as

a whole, delivering improvements in services and reduc-

tions in costs – particularly in sectors such as healthcare,

education, energy and transport.

This means that they can quickly pay for themselves. In-

deed, estimates show that in most developed countries, cost

savings of just 0.5% to 1.5% over ten years, in these four

key sectors alone, can justify the entire cost of building

national point-to-point, fibre optic networks.

Research also consistently shows that investment in any sort

of ICTs has a direct positive effect on GDP growth – and

that higher-end technologies, such as broadband networks,

deliver the greatest benefits.

So that while a 10% increase in mobile teledensity seems

to increase GDP by some 0.7 percentage points, the same

increase in broadband penetration can boost GDP by an

average of 1.3%.

This is why we launched our ’Build on Broadband’ ini-

tiative earlier in the year, and why we are so proud to be

playing a key leadership role in the ’Broadband Commis-

sion for Digital Development’, which will deliver its report

to the UN Secretary-General, Ban Ki-moon, this coming

Sunday, just ahead of the 2010 MDG Summit in New York.

The Broadband Commission is chaired by President

Kagame of Rwanda and Carlos Slim Helú, Honorary Life-
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´

Fig. 4. Prof. Tadeusz Więckowski, Magdalena Gaj (UnderSec-

retary of State, Poland) and Dr. Hamadoun Toure. c©Wrocław

University of Technology.

time Chairman of Grupo Carso. The Vice-Chairs are my-

self, and Irina Bokova, Director General of UNESCO, and

we have a total of over 50 very high-profile Commissioners

from the public and private sectors.

Our Commissioners come from many different walks of life

and many different backgrounds, but they all share a com-

mon vision: the desire to see the vast benefits of broadband

brought to all the world’s people.

Together, we are determined to demonstrate broadband’s

truly transformational nature.

Together, we believe we have a unique, once-in-a-gener-

ation opportunity to drive social and economic progress.

Distinguished guests,

What will these broadband networks of the future look like?

From an infrastructure perspective, it is certain that no sin-

gle technology will be able to provide all the answers. Op-

tical fibre is certainly desirable at the core of the Internet,

and for the majority of backhaul traffic, to achieve a high-

capacity backbone. But at the edges of the network, and

in particular in the hands of end-users, it seems likely that

mobile devices will deliver the majority of broadband ap-

plications and services to most people.

Indeed, this is already the case, with nearly 900 million mo-

Fig. 5. ´Dr. Hamadoun Toure and Wojciech Hałka (General

Director of NIT, Poland). c©Wrocław University of Technology.

bile broadband subscriptions forecast to be achieved glob-

ally in 2010 – even if many mobile broadband subscribers

do not yet use their mobile devices for Internet access.

Depending on local conditions – such as geographic loca-

tion, economic prosperity, etc. – there is a role for a host

of different technological solutions for providing broadband

access: from cable to fixed wireless; from satellite to mi-

crowave; from xDSL to mobile technologies; and many

more.

As a result, policy-makers should seek to adopt a technol-

ogy-neutral approach, as they need to plan and accommo-

date new upgrades of current fixed and wireless technolo-

gies, as well as brand new technologies which do not yet

exist.

Policy-makers also need to recognize that demand for

radio-frequency spectrum is likely to grow rapidly – bear-

ing in mind that as a precious resource, spectrum allocation

must be based on costs, efficiency of use, and the needs of

users.

Ladies and gentlemen,

Broadband can bring the world’s riches within reach of all

the world’s people. But it also opens up new opportunities

for wrong-doers, and in particular cybercriminals.

It is estimated that each year cybercriminals steal up to
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a trillion dollars worth of intellectual property from busi-

nesses worldwide. In addition, many millions of individu-

als have their privacy violated, suffer identity theft or have

their hard-earned savings stolen from them.

Governments constantly face cyberattacks – and terrorists

increasingly rely not just on their weapons, but on the power

of cyberspace technologies like GPS and VoIP to sow de-

struction.

As a result, the next major war will probably begin in cy-

berspace rather than on the ground.

Given the scale of the threat – and the phenomenal harm

that can be caused by even a single cyber attack – we cannot

rely on ad hoc solutions or hope to survive by strengthening

our defences only after attacks have occurred.

No – we must work together, to ensure a coordinated re-

sponse.

This is why ITU is playing a lead role in coordinating

global efforts in this area, and why we launched the Global

Cybersecurity Agenda in 2007.

The GCA is now in its operational phase, with a physi-

cal home in Malaysia at the headquarters of IMPACT –

the International Multilateral Partnership Against Cyber-

Threats – and I strongly encourage all ITU Members to

take advantage of these facilities.

We are also increasingly seeing children being targeted on-

line by all manner of wrong-doers, including paedophiles.

As a result we also launched – within the framework of the

GCA – the Child Online Protection (COP) initiative, which

has been established by ITU and other stakeholders as an

international collaborative network for action to promote

the online protection of children worldwide.

Cybersecurity is a global issue, which can only be solved

with global solutions. So one of the most important ac-

tions we must take to enhance security in cyberspace

is to increase cooperation and coordination at the global

level.

Existing frameworks, while good, are not in fact global.

The best example is the Budapest Convention on Cyber-

crime, which has been ratified by only 26 countries. The

nature of the convention makes it hard for other countries

to join.

ITU therefore offers to host international discussion – iden-

tifying aspects we can agree on (there are many); recogniz-

ing that there are many different viewpoints; and working

with all stakeholders, from government, industry and civil

society.

Distinguished guests,

In closing, I would like to mention one further issue which

is of importance to every single person on the planet: I re-

fer of course to the environment, and the prospect of catas-

trophic climate change.

I am personally proud and pleased to be working in a sector

where we can act as a strong force for good in this area.

ICTs are the single most powerful tool humankind has at

its disposal to avoid potential climate catastrophe. While

technology contributes around 2.5% of global greenhouse

gas emissions, more efficient use of modern technologies

could cut global power consumption by 15%.

ICTs help to reduce waste, cut business travel and make

industry more efficient. And new technologies being de-

veloped within ITU – such as Next-Generation Networks –

can reduce network and data centre power consumption by

up to 40%.

The universal charger, which was standardized by ITU

last year, will deliver a 50% reduction in standby energy

consumption, eliminate up to 80,000 tonnes of redundant

chargers, and cut GHG emissions by at least 13 million

tonnes annually.

Satellites are also tremendously important – not just in

monitoring, but in helping increase food output and reduce

emissions. Satellite-based intelligence services for farm-

ers, for example, which cost less than US $ 15 per hectare

annually, can increase yields by as much as 10%. And

using satellite monitoring produces 98% fewer emissions

than ordinary ground monitoring.

Satellites also play a vital role when natural disasters

and catastrophes occur, often providing the only reliable

communications links when other networks have been de-

stroyed. ITU is proud to play a very active role wherever

we can – in Haiti and Chile, earlier this year, for example,

where we were quick to provide emergency communica-

tions services after the earthquakes there.

To close, let me thank you once again for the honour you

have bestowed upon me here today – and let me encourage

each and every one of you to act as an ‘ICT advocate’, and

in particular as a broadband advocate!

Dr. Hamadoun Touré is the ITU Secretary-General since

2006, after serving eight years as Director ITU/BDT.

Prior to his election as Director of BDT he worked for

ICO Global Communications. Earlier he was employed

by the International Telecommunications Satellite Organi-

zation (INTELSAT). On the national scene, he was with

the national telecommunication operator in Mali. He holds

a Masters Degree in Electrical Engineering from the

Technical Institute of Electronics and Telecommunications

of Leningrad (USSR) and Doctor of Philosophy Degree

(Ph.D.) from the University of Electronics, Telecommuni-

cations and Informatics of Moscow (Russia). He is profi-

cient in English, French and Russian. Dr Touré contributed

to many important projects and conferences. As Director

BDT, he played a key role in the WSIS process. As the

Secretary General, he is leading the ITU toward an innova-

tive, forward looking organization satisfying the needs of

ITU Members and meeting new challenges. Dr. Touré has

been awarded the highest national decorations and honorary

doctorates of six universities. He is a member of IEEE,

of International Telecommunication Academy, and of the

Royal Swedish Academy of Engineering Sciences.
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International Co-operation

Needed to Face Information

Age Challenges
Magdalena Gaj

UnderSecretary of State, Ministry of Infrastructure, Poland

I am delighted to present to the delegates of the ITU 2010

Plenipotentiary Conference in Guadalajara Mexico a sum-

mary of recent changes in telecommunication sector in my

country. Poland has become a member of the International

Telecommunication Union in 1921 when it gained indepen-

dence after the 1st World War. Earlier it ceased to exist as

an independent entity for more than a hundred years. From

the very beginning, in close collaboration with other ITU

Members, the Polish telecommunication sector was grow-

ing fast. That growth was stopped during the 2nd World

War after which the sector was completely disrupted. Its

reconstruction started immediately at the war end, but ac-

celerated rapidly only after the transformation of our polit-

ical and economic system in 1989, as result of the famous

Solidarity Movement.

My first task after the ministerial appointment in 2008 was

to identify urgent issues to focus on. Although Poland is

a Member of the European Union from 1 May 2004, it

joined EU when the other Members were already in an

advanced state of development. In the telecommunication

sector we have suffered a number of problems:

• Low broadband penetration rate in comparison with

more advanced EU countries.

• Strong position of the incumbent operator on the mar-

ket.

• Newly build housing without broadband infrastruc-

ture.

• Disproportionate high access charges

• Barriers in the investment process.

• Insufficient IT knowledge among population.

• Generation exclusion.

• Exclusion of poor social strata and inhabitants of ru-

ral regions.

To solve them, we have joined the “i2010” and other Euro-

pean programs and started “Digital Poland” initiative. We

are increasing our involvement in various ITU and other

international initiatives. We are seeking assistance from

our own National Institute of Telecommunications and

we welcome collaboration with governmental and private

sector entities from abroad. The challenges of informa-

tion and knowledge society listed above, are common for

a number of countries. We strongly believe that our prob-

lems can successfully be solved all over the world only

in close international co-operation and wide exchange of

national experience of each country. The ITU has created

the best framework for such a joint effort. My country is

ready to share our experience with other ITU Members in-

terested.

In Poland, our Ministry of Infrastructure, together with

the regulatory Office of Electronic Communication, have

started with deep modifications of our telecommunication

legislation and regulation structure. A new Act on “Sup-

port of the Development of Telecommunication Services

and Networks” has been prepared and came into force just

in July this year. New legislation authorizes local gov-

ernments and authorities for telecommunication activities,

such as network and services provision. The new “rights of

way” impose obligation on commodities enterprises, such

as public ways, electrical, water and sewing companies, to

share their infrastructures with telecommunication opera-

tors. The construction law is modified implementing sim-

plified procedures of construction licensing and projects

approvals. New competencies are given to electronic com-

munication regulator, including right to appeal any local

prohibition against new telecommunication investments, in-

cluding radiocommunication masts and stations. The com-

mon aim of these rules is to faster and make easier in-

vestment processes in telecommunication sector, especially

in new regional broadband infrastructure, new generation

access networks (including wireless networks) and new ser-

vice platforms. We believe these new regulations will en-

courage wider investments in our telecommunication sector

and will end with higher penetration of broadband access

and new services in our country. We invite all partners of

international ITU community to share their experiences in

similar efforts.

New telecommunication and information technologies are

indispensable vehicles in our way for better life. They pro-

mote social and economical development, but they cre-

ate numerous challenges in each country. International ex-

change of best practices can make this way easier. We

are ready to co-operate with the ITU community on that

way.
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Magdalena Gaj, born in 1974

in Chełm, Poland. Graduated

from Faculty of Law (MA de-

gree) at University of Maria

Curie-Skłodowska in Lublin;

applicant at District Chamber

of Solicitors in Lublin, 1998–

2002. Applicant at Solicitors

Office till 2001. Worked in the

Office for Telecommunication

Regulations, Office for Postal and Telecommunications

regulation since 2001, and now – Office of Electronic

Communications (UKE) in Legal Departament, since

2005 – Director of Legal Departament. Scope of compe-

tence: legal service of UKE President within telecommu-

nications, postal, administration, civil and EU laws. From

2008 in the Ministry of Infrastructure, as Under-Secre-

tary of State responsible for telecommunication sector’s

matters in Poland.
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National Institute of Telecommunications –

International Partnership: Yesterday, Today

and Tomorrow
Wojciech Hałka

General Director of NIT, Poland

The ITU 2010 Plenipotentiary Conference in Guadalajara,

Mexico, is top policy-making body focused on future role

of the organization in coming years. This meeting of the

delegates from the countries all-over the world, creates an

excellent opportunity for the exchange of experiences. In

Poland there is a hot public discussion on-going on the

future challenges related to the implementation of new in-

formation and communication technologies (ICT) and ser-

vices. People are expecting fast modernization of their

living, economic growth and social promotion. New gov-

ernmental projects such as “Digital Poland” or “Terres-

trial Digital Television” have been launched facing these

challenges. The Digital Poland project covers innovative

initiatives in education sector (ICT skills), full digitaliza-

tion of National Archives, Art and Historic Collections,

e-government, and support for new e-services providers and

telecommunication infrastructure builders. Although the

goals of those projects are of common agreement, details

of their realization ways are of public discussions. These

projects required the legislative and regulatory structure

to be reviewed and modified where necessary, see the ac-

companying paper of Magdalena Gaj. Experience of other

countries in similar projects and the best practice cases are

monitored and followed carefully by social partners, orga-

nizations, involved business and administration.

The National Institute of Telecommunications, NIT, a

75-years old research institution based in Warszawa (with

branches in two other cities, Gdańsk and Wrocław) is

deeply involved in all those undertakings. With our highly

qualified staff of 250 R&D employees, we are a significant

partner in most of those projects. Being a public institu-

tion, we serve as an independent Research Center working

for business partners as well as for the Administration. Let

me present a short selection of our recent projects:

– frequency planning for digital TV broadcasting, in

many variants of single and multiple frequency plans.

Those projects have been done for the Administration

and for individual broadcasters;

– electromagnetic compatibility studies and spectrum

management proposals, for the National Regulator

(Office of Electronic Communication) and for busi-

ness partners;

– broadband development strategies proposals for Re-

gional Governments;

– information data base system development for

telecommunication broadband networks inventory in

Poland (on-going project);

– telecommunication services quality measurement

system (automatic, for PSTN and GSM networks)

for inspection service of the National Regulator;

– data mines and telecommunication decisions support

systems for various telecom operators;

– reports, studies and expertise on numbering plans,

signalization systems, data retention, billing sys-

tems, telecommunication frauds, market and regula-

tory analysis for governmental agencies and business

partners;

– conformance tests and authorized laboratories certifi-

cates for equipment suppliers and producers.

We have developed close co-operation with many partners

in the framework of a number of scientific and indus-

trial consortiums. Our main partners in Poland are Tech-

nical Universities in Warszawa, Gdańsk, Wrocław, Poz-

nań, Kraków as well as R&D units of telecommunica-

tion operators, broadcasters, producers (e.g., Orange Labs,

Poland) and independent consulting companies. A num-

ber of our research projects have been awarded grants by

the Ministry of Science and Higher Education. Of this type,

gained in public concurs, are “New Generation Services and

Networks” (2008–2010) and “Future Internet Engineering”

(2010–2012), both projects.

The National Institute of Telecommunications has devel-

oped also international co-operation in three areas:

1) scientific and technical projects,

2) international conferences, and

3) training/education.

As concerns the first area, NIT participates actively in

a number of European Projects, funded from EU Regional

and Scientific Funds, such as Framework Projects (NEMO,

BReATH, CRUISE), InterReg (EfficienSea) and COST

(Actions 270, 291, 299, MP0702, 2100). In the second

area, NIT organizes and co-organizes a number of inter-

national conferences. Examples are the International Con-

ference on Transparent Optical Networks (ICTON) and
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the conference on Decision Support for Telecommunica-

tion and Information Society (DSTIS). In 1972, NIT co-

founded the Wrocław International Symposium on EMC

that continues until now, and in 2010 was held under

the auspices of Dr. Hamadoun Touré, Secretary General

of ITU. It has been awarded the Special Symposium Recog-

nition Award by the IEEE Electromagnetic Compatibil-

ity Society: “In recognition of the vision and contribu-

tion of the founders of the Wrocław International Sym-

posium and Exhibition on Electromagnetic Compatibility

[. . . ] Held for the first time September 14 to 16, 1972 [. . . ]

it was the first regular International Symposium and Exhi-

bition on Electromagnetic Compatibility held in Europe.”

The IEEE is the world’s largest professional association

dedicated to advancing technological innovation and excel-

lence for the benefit of humanity. Its grants and recog-

nitions honor endeavors that have made a lasting impact

on humanity, technology, and the profession. In 2010,

the Wrocław EMC symposium has been transformed into

“EMC Europe”.

Fig. 1. Memorandums of Understanding: NIT-ICTP and NIT-ITU.

Our international co-operation is organized within frame-

work agreements, such as Letter of Intent or Memorandum

of Understanding (MoU). In that form we co-operate with

a number of well-known international and national insti-

tutions. Among international ones are International Insti-

tute for Applied Systems Analysis (IIASA) in Luxemburg,

Austria, and the Abdus Salam International Center for The-

oretical Physics (ICTP) in Trieste, Italy. The list of our

national partners abroad contains the Japan Advanced In-

stitute of Science and Technology (JAIST) in Nomi, Japan,

Instituto de Estudos Sócios-Econômicos (INECS-Coimbra)

in Coimbra, Portugal, University Stellnbosch in Republic of

South Africa and others. The co-operation agreements de-

fine the scope of common studies, conferences, workshops,

and seminars as well the exchange of the staff, etc.

As an example, NIT cooperates with ICTP in organizing

the ICTP ITU/BDT schools, workshops, and awareness

conferences for young scientists. Each year, some 25 young

scientists, mostly from the developing countries, partici-

pate in these activities that usually are lasting for a few

weeks. It that way NIT contributes to the advancement of

Fig. 2. The lesson of antenna measurements.

human resources and research and development capabili-

ties in the developing countries in the field of radio sci-

ence and technology. These activities, held in the ICTP in

Trieste, are often complemented by activities and projects

abroad. For instance, two young scientists from Technical

University of Malawi spent in 2008 3 months in Poland,

in the frame of the NIT-ICTP MoU. They were finishing

their Advanced Research Studies on Low-Cost Antennas for

Wireless Networking in Developing Countries in the NIT

EMC&Antenna Laboratories in Wrocław. This was made

possible thanks to the grant offered them by the ICTP.

Since its very beginning NIT maintains special relations

with the ITU. Most of contributions submitted to ITU on

behalf of our country have been based on the works done in

NIT and/or authored by our staff. Many of them have been

included in final texts of several official ITU documents.

Our staff members have participated in technical and stan-

Fig. 3. The certificates of completed studies in Electromagnetic

Compatibility Department of NIT in Wrocław of Mr. Timothy

Chadza and Mr. Mayamiko Nkoloma, scientists from Malawi.
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Fig. 4. The group of students of Advanced Research Studies on Low-Cost Antennas for Wireless Networking in ICTP, Trieste.

dardization works of selected Study Groups in ITU-T and

ITU-R sectors. Some of them served as Working/Study

Group Raporteurs, V-Chairs and/or Chairs. In the past,

for instance, the ITU/CCIR Plenary Assembly New Delhi

1974 elected Ryszard Strużak for the post of V-Chair of

CCIR Study Group on Spectrum Management and Moni-

toring. He resigned in 1985, and left NIT to serve further

the ITU community with his knowledge in a high post in

the Geneva Headquarters. Earlier, Jerzy Rutkowski, also

Fig. 5. Example of the coverage map of the first in Poland trials

of the mobile DAB+ system.

our staff member, served successfully at that post for sev-

eral years. There is no place here to list all our staff mem-

bers, who contributed to various activities, including ITU

Expert Missions. Myself, I was as an ITU expert working

on an ITU project in Burundi. From among our NIT col-

leagues, perhaps Ryszard Strużak and Władysław Moroń

have gained the widest recognition within the ITU serv-

ing for many years as the elected members of the Radio

Regulation Board.

Fig. 6. Ground Conductivity Map of Poland.
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More recently, the NIT’s experts have prepared also our

in-kind contribution for ITU-R SG III: reports on experi-

mental tests of Digital Radio Broadcasting DAB+ emissions

in Wrocław region as well as the updated Map of Ground

Conductivity of Poland. With the support from ITU-D,

we have organized seminars and workshops, i.e., the 2007

ITU Workshop and National Conference on New Genera-

tion Networks in close cooperation with the experts from

Canada. We co-operate also with countries of Central and

Eastern Europe, within the framework of ITU regional ac-

tivities. In February this year NIT has established a Node of

the Centers of Excellence Network Project in the European

Region, after signing the Memorandum of Understanding

with Sami Al Bashir Al Morshid, Director of Telecommu-

nication Development Bureau (BDT). In this connection we

are organizing later this year two workshops on Long Term

Evolution (LTE) systems and on Future Internet technolo-

gies. We invite all interested participants to join us at these

events.

We believe our co-operation with international partners

adds a significant “networking” value and is beneficial to all

parties involved. The benefits are of different nature, from

sharing (i.e., reducing) the costs of common endeavors, to

gaining new knowledge, skills, and experiences, invaluable

in today’s rapid changes of telecommunication technolo-

gies, services and applications.
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deputy director for development, and then in July 2009 he
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Rural Telecommunications

Infrastructure Selection Using

the Analytic Network Process
Yousef Gasiea, Margaret Emsley, and Ludmil Mikhailov

Abstract—The decisions involved in rural settings are of com-

plex nature, with some aspects compounded by the presence

of intangible criteria. Hence, a suitable approach is needed

that can produce effective solutions. This paper describes

the applicability of a multicriteria decision-making method,

specifically the analytic network process (ANP), to model the

selection of an appropriate telecommunications infrastruc-

ture technology, capable of deploying e-services in rural areas

of developing countries. It aims to raise awareness among

telecommunication planners about the availability of ANP,

and to demonstrate its suitability to enhance the selection

process. The proposed model is constructed based on con-

cerned experts’ views of relevant selection criteria and poten-

tial technology alternatives. Its network structure caters for

all possible dependencies and interactions among criteria and

alternatives.

Keywords—analytic hierarchy process, analytic network process,

multicriteria decision making, rural telecommunications, tech-

nology selection.

1. Introduction

Telecommunications technology is evolving rapidly and of-

fers information links between urban and rural areas that

can overcome distance barriers and provide e-services to

these hardly accessible areas. Recent technological ad-

vances in transmission systems like fiber optics, wireless

and satellite can now supply services to these locations at

affordable prices. However, with different criteria for tech-

nology evaluation and various telecommunications infras-

tructure alternatives available nowadays, the selection pro-

cess becomes complicated; there is uncertainty and multi-

ple conflicting objectives with sociological, demographical,

environmental, political, cultural, economic and technical

aspects. This raises the need for some kind of structure or

model, based on a suitable multicriteria decision making

(MCDM) method.

Some relevant papers cited in literature tackling problems

from rural telecommunications field using such methods,

with particular focus on the application of analytic hier-

archy process (AHP) to rural telecommunications include:

Nazem et al. [1] use the AHP, to develop a two-phased deci-

sion support system to aid the design of rural area telecom-

munication networks and in [2] examines ways of building

an effective rural telecommunications network to facilitate

rural development in an information-intensive society. Lee

and Kim [3] present a methodology using analytic network

process and zero-one goal programming (ZOGP) for infor-

mation systems projects selection problems that have mul-

tiple criteria and interdependence property. In another pa-

per, Nazem et al. [4] develops a specific multicriteria deci-

sion support mathematical programming model for dealing

with the definition of a “hub structure” that is the selection

of a number of “nucleus cities” in the context of a rural

network planning process. Chemane et al. [5] use De-

cidelT tool based on MCDM to improve the quality of de-

cisions in selecting internet access technologies. Sasidhar

and Min [6] use AHP to select the optimal access tech-

nology for a rural community under a multiple number

of criteria such as cost quality and speed. Nepal [7] ap-

plies AHP to the evaluation of rural telecommunications

infrastructure. Finally, Andrew et al. [8] present a model

regarding the applicability of using the AHP for enhanc-

ing the selection of communication technologies for rural

areas.

While significant decision models are being presented in

these papers, but, very few studies have considered all cri-

teria relevant to rural telecommunications, and most of

them obviously apply no factor interactions. For exam-

ple, if a model’s emphasis is mainly technical, then the

economic, social, regulatory and environmental criteria are

probably not adequately addressed. Basically, the AHP is

a suitable method when optimization is not pursued, re-

sources are not restricted, and interdependencies between

factors do not exist [9]. However, such models do not

consider important issues such as interaction among and

between decision making levels/clusters as well as depen-

dency among qualitative factors. These are important issues

in rural telecommunications decision problems which can-

not not be structured hierarchically because they involve

many interactions and dependencies requiring a MCDM

method to holistically deal with qualitative and quantita-

tive data, with different conflicting objectives, to arrive at

a consensus decision in relation to the choice of a suitable

rural telecommunication technology.

To the best knowledge of the authors, applications of the

analytic network process (ANP) to the selection of ru-

ral telecommunications infrastructure technologies have not

been cited in the published literature. This paper therefore

attempts to fill this gap in the literature to particularly allow

for the explicit consideration of dependencies and interac-

tions in the decision making process and still maintains the

acknowledged advantages of the AHP method. The ANP

is chosen in this paper because of its several advantages
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over the AHP and other MCDM methods, such as its holis-

tic approach, in which all the factors and criteria involved

are laid out in advance in a network system that allows

for dependency. Its power lies in its use of special ratio

scales to capture interactions for making accurate predic-

tions and reach better decisions [10]. Moreover, its suitabil-

ity in offering solutions in a complex multicriteria decision

environment, together with the availability of software sup-

porting its functions, further acknowledge its applicability

to tackle such a problem. It has also proved to be success-

ful in utilizing expert knowledge to tackle several selection

problems, e.g., [3] and [11].

The remainder of this paper is organized as follows. Sec-

tion 2 articulates the selection of rural telecommunications

infrastructure problem. The underlying methodology of the

proposed approach, the ANP, is briefly introduced in Sec-

tion 3. The development of the proposed model is explained

in Section 4. The pairwise comparisons are described in

Section 5. The results are discussed in Section 6 and the

paper ends with conclusions in Section 7.

2. The Choice of Technology for Rural

Telecommunication Infrastructure

There is a need to provide access to the main telecommuni-

cations network and expand connectivity to such areas, thus

enabling the rollout of the appropriate telecommunication

services. However, the choice of appropriate telecommu-

nications infrastructure technology that will provide the re-

quired e-services within various constraints is a challenge.

Typically, technology selection is based on a mixture of

different criteria, one of which is the remoteness of a vil-

lage. If the village is within 35 km of the nearest local

exchange, telecommunication services can be provided to

that village using a one-hop last-mile link. However, if the

village is further away, at least two transmission hops must

be established [12]. Hence, two types of telecommunica-

tions infrastructure technologies are needed to provide ru-

ral telecommunication services, namely backbone network

(core) and access network (last mile).

The backbone network provides the long-haul signal trans-

mission from the country’s main telecommunication centre

to the remote access network, i.e., trunking services [12].

This network may be wireless or wireline, including ana-

logue and digital transmission technology over fiber optic,

wireless or satellite transmission media [5]. The access

network provides the connectivity between the end-user

and the backbone network and may be based on wireless

or wireline technologies, e.g., copper wires or wireless,

connected to network nodes at the edge of the backbone

network. Technologies in both networks can be circuit-

switched or packet-switched. Any decision made for each

of these two segments must take into account the charac-

teristics of rural settlements.

The primary focus of this paper is mainly on the backbone

network by attempting to provide a structure of the deci-

sion problem and proposing a technology selection model

of such an infrastructure. The telecommunications back-

bone is, in general, a key problem for rural information

infrastructure, as low population density is linked to high

cost of service for any communications technology, espe-

cially for wireline services. It poses the greatest challenge

to bringing affordable telecommunication services to ru-

ral residents. However, once it is in place and running,

it will be possible to connect other nearby rural villages

with a wide range of telecommunication technologies and

needed services. The infrastructure technology selection

process, especially in the case of rural telecommunications

in developing countries, is a multi-faceted, multi-criteria

decision making problem, requiring consideration of some

wide-ranging qualitative factors related to socio-economic

and political issues. These are hard to quantify and will

have great impact on the selection process, in respect of

the social, environmental, regulatory and demographical

concerns, etc.

Furthermore, in order to incorporate other tangible fac-

tors, in the absence of past statistical data to analyze, such

as technical and economic related factors, etc., it is nec-

essary to use a suitable multicriteria method for analysis

and synthesis by a group of experts rather than an individ-

ual. A telecommunication operator usually receives several

technology solutions from external vendors. The challenge

of matching the parameters of an engineering problem to

the available solutions becomes a challenge to the telecom-

munications engineer in this particular selection phase [8].

A typical conceptual rural telecommunications infrastruc-

ture selection model is illustrated in Fig. 1.

Fig. 1. A conceptual model for the selection of rural telecom-

munication infrastructure (revised and adapted from [13]).

The obvious significant implication of this conceptual

model is that the technical factors are only one subset

among others when selecting rural telecommunication tech-

nologies, albeit a necessary part. The other factors, such as

the sociological, environmental, economic, regulatory and

the infrastructure-related are regarded as essential factors

that also need to be considered. This can be envisaged as

a holistic approach in which the outcome of the selection

process is not only dependent on the technical factors, but
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arises out of the interactions among the various factors. An

ANP-based decision model is therefore proposed as a suit-

able methodology because “decisions obtained from a net-

work can be significantly different from those obtained from

a more complex hierarchy” [14]. It is constructed to include

an in-depth and comprehensive examination of all pertinent

factors and will be dependent on the perceptual weightings,

provided by telecommunications experts.

3. The Analytic Network Process

The ANP is a multi-attribute decision making approach

developed by Thomas L. Saaty and was originally called

the supermatrix technique [15]. It is a generalization of

the AHP decision methodology where hierarchies are re-

placed by networks, allowing the capturing of the outcome

of dependence and feedback within and among the clusters

of elements. Its network structure differs from a hierar-

chy as illustrated in Fig. 2 [10]. The hierarchy has a goal,

levels of elements and connections between the elements.

Fig. 2. Examples of a hierarchy (a) and a network (b).

It has no inner dependence and no feedback from lower to

higher levels. Unlike the hierarchy, the network structure

has no levels but clusters of elements where every element

can depend on any other element. The influence is trans-

mitted from one cluster to another (outer dependence) and

back, either directly from the second cluster, or, by transit-

ing through intermediate clusters along a path which some-

times can return to the original cluster forming a cycle [10].

The existence of feedback indicates there is mutual outer

dependence of criteria in two different clusters, which pre-

vents the problem from being modeled hierarchically due

to the difficulty in deciding which cluster is higher/lower

than the other. Also, because of inner dependence, the re-

lationships between same level criteria are not represented

hierarchically.

The specific ANP model is based on the reasoning, knowl-

edge and experience of experts in the field and relies on the

process of eliciting managerial inputs, allowing for a struc-

tured communication among decision makers, so that it can

act as a qualitative tool for strategic decision-making prob-

lems. “It is a relatively new methodology that is still not

well-known to the operations research community and prac-

titioners” [9]. With its capability to deal with dependence

and feedback, it is the most general framework for a detailed

analysis of societal, governmental and corporate decisions

that is available today to the decision-maker [15]. There-

fore, in recent years, there has been an increased use of the

ANP in a variety of decision making problems and numer-

ous applications have been published in literature [16].

The ANP is a coupling of two parts. The first part con-

sists of a control network of criteria that controls the in-

teractions in which the criteria should be identified, orga-

nized and prioritized in the framework of a control network.

The second part is to derive a network of influences among

the factors and clusters, i.e., the influence of elements in

the feedback system with respect to each of these criteria.

Paired comparison judgments of homogeneous elements are

performed and synthesized to obtain the priorities of these

criteria. The ANP then joins all possible outcomes together

in its structures and both judgement and logic are used to

estimate the relative influence from which the overall an-

swer is to be derived [15]. The SuperDecisions software

can be used to perform matrices computation and solve

AHP/ANP problems [17].

4. The Development of the Decision

Model

In this section, we introduce an ANP model and its de-

velopment to show how the ANP can be used in the rural

telecommunications environment. As each telecommunica-

tion infrastructure provider will have its own set of criteria.

The attempt here is to present a generalized model based

on factors and alternatives identified from the published lit-

erature, best practices and telecommunications experts that

could then be adapted or extended to support a particular

context or a situation of a developing country.

4.1. Setting Selection Criteria

To adapt the ANP methodology for such a technology se-

lection process, it is the foremost activity of the researcher

to examine the relevant issues involved. Hence, the first

task is the definition of the criteria that will be used for
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the selection of the appropriate technology for rural con-

nectivity. The activities used to consolidate the final list of

the selection criteria, were:

– an intensive literature survey of past studies on sim-

ilar problems, including: [5], [6], [8], [12] and [18];

the outcome of this activity was the consolidation

of an initial list of criteria that comprises the most

important factors for the problem at hand;

– interactions with telecommunication experts both

from industry and academia from all over the world,

who were contacted through e-mail to provide feed-

back on the initial list of criteria; from the aforemen-

tioned activities, a consolidated list of 31 selection

criteria, deemed to affect the planners’ decision in

the choice of rural telecommunications backbone in-

frastructure, can be observed in Table 1.

Table 1

Ordering and clustering of criteria according to relevance

and importance

Cluster Criteria Mean

(A) Technical

(A1) Reliability 4.00

(A2) Ease of maintenance 3.94

(A3) Remote network management 3.88

(A4) Compatibility 3.81

(A5) Ease of installation 3.72

(A6) Scalability 3.54

(A7) Bandwidth 3.53

(A8) Flexibility 3.52

(A9) Latency 3.30

(B) Infrastructure

(B1) Coverage range 3.80

(B2) Security of physical 3.73
infrastructure

(B3) Proposed usage 3.40

(B4) Availability of skilled 3.34
technicians

(B5) Access to existing telecoms 3.32
infrastructure

(B6) Remoteness of area 3.26

(B7) Rollout time 3.11

(B8) Parallel infrastructure 2.97

(C) Economic

(C1) Operating cost 4.13

(C2) Funding sources 4.11

(C3) Capital cost 3.98

(C4) Return on investment 3.63

(C5) Economic development of area 3.32

(D1) Demand 3.77

(D) Social
(D2) Affordability 3.73

(D3) Population density 3.48

(D4) Community of interest 3.42

(E1) Spectrum availability 3.74

(E) Regulatory (E2) Licensing constraints 3.52

(E3) Rights of way 3.30

(F) Environmental
(F1) Terrain topography 3.24

(F2) Climatic conditions 3.00

4.2. The Online Survey

In order to rank the selection criteria according to their

relative importance, an online questionnaire was designed.

Telecommunication experts were asked to rate the im-

portance of each factor using a five-point Likert-type

scale, ranging from: not important = 1, moderately impor-

tant = 2, strongly important = 3, very strongly impor-

tant = 4 and extremely important = 5. A pilot survey

was conducted before posting the questionnaire online

and subsequently the questionnaire was slightly modified.

Fig. 3. Categorization of respondents by their professional back-

ground.

Fig. 4. A graphical representation of the online survey results in

percentages.
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Table 2

Comparisons of some features of potential alternatives

Alternative Advantages Disadvantages

High speed High cost

(G1) Fiber optic cable More reliability Long rollout time

High flexibility Most difficult to deploy

Simplicity Less reliability

(G2) Power line communication Low cost Data signal disruption

Use of power lines Noise and interference

High speed Low reach and line of sight

(G3) Microwave link Low cost equipment Licensing constraints

Fast deployment Less bandwidth and flexibility

Wide coverage High latency

(G4) Satellite communication Ease of deployment High cost

Overcomes topography Limited bandwidth

The obtained responses effectively reached 62 responses,

which is considered adequate because the purpose of the

survey was mainly to obtain a range of diversified ex-

pert opinions with respect to each particular selection

factor.

The respondents’ profiles showed that all of them are

generally involved in telecommunications field, where

some of them are particularly dealing with rural telecom-

munications projects. They can be categorized by their

professional backgrounds into three categories as shown

in Fig. 3: of the 62 respondents 20 (32.3%) of them work

as telecommunication engineers, 33 (53.2%) as consultants

and 9 (14.5%) as academics. This mix up of the respon-

dents’ expertise confirms their familiarity with the selection

factors and also indicates that they were very well placed

to provide useful data for such a survey.

The results were then analyzed using SPSS (SPSS Inc.,

2006), and univariate descriptive statistics were generated,

including the relative importance index for each factor.

Figure 4 summarizes the obtained results and shows that all

proposed criteria are mostly within the strongly important

and very strongly important categories, the only exception

being the results of the “operating cost” criterion which is

inclined more towards the extremely important grade.

4.3. Grouping of Criteria into Clusters

The mean rating values were used to group the criteria into

six clusters coded A through F according to relevance, in

this order: (A) Technical, (B) Infrastructure, (C) Economic,

(D) Social, (E) Regulatory, and (F) Environmental. Each

cluster only includes criteria that are comparable or do not

differ by orders of magnitude [10]. Table 1 shows the

coding and the ordering of criteria for all clusters.

4.4. Alternatives Identification

The activities abovementioned in Subsection 4.1 were re-

peated in order to identify potential technology alternatives.

The published literature, e.g., [19], identified four techno-

logical solutions to provide rural backbone infrastructure to

promote e-services in rural areas of developing countries

that include two wireline technologies: fiber optic cable and

power line communication, and two wireless technologies:

fixed wireless and satellite, which were initially highlighted

as candidate decision alternatives for this research. After

consultation with telecommunication experts, the alterna-

tives finally selected for this research are (G1) fiber op-

tic cable, (G2) power line communication, (G3) microwave

link and (G4) satellite communication. Table 2 briefly sum-

marizes some characteristics of alternatives.

4.5. Assessing Dependencies

After structuring the decision problem, the next step is to

examine the dominance of influence among criteria. In

order to fulfil this task, a new survey questionnaire was

distributed to experts who had an overview of the research,

were interested and actually involved in the field of ru-

ral telecommunications, who were asked to identify the

dependencies among criteria. Seven completed question-

naires were collected. The majority rule was then used to

aggregate the responses into a single matrix, which was

developed using a zero-one matrix of criteria against crite-

ria using a binary value of 1 to signify dependence of one

criterion on another, and zero otherwise [20]. A majority

condition of 4 out of 7 (4/7) experts’ consensus (i.e., 57%)

was considered as a minimum requirement for any entry

that indicates the existence of a direct relationship between

any pair of criteria.

Table 3 shows all possible connections, where the entries

can take the following values:

0 indicates no relationship exists based on 7 experts’

consensus;

0 indicates the entries have obtained < 4 experts’ con-

sensus;

1 indicates the entries have obtained ≥ 4 experts’ con-

sensus.
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Table 3

The aggregated dependency matrix showing connections among all elements

As a result, the entries represented by 1 indicate the exis-

tence of a direct relationship from criterion i to criterion j

based on the consensus of at least 4 experts, i.e., if cri-

terion i depends on criterion j, the entry ai j will take 1.

The criteria in the rows are evaluated with respect to the

criteria in the columns, i.e., the 1 in the columns will deter-

mine which criteria in the rows are to be pairwise compared

with respect to that column. Subsequently, a pairwise com-

parison matrix will be constructed only for the dependent

criteria. Using the Design module of the SuperDecisions

software [17], the network model was constructed accord-

ing to Table 3, the connections between clusters are illus-

trated in Fig. 5. A cluster is connected to another cluster

when at least one element in it is connected to at least two

elements in another cluster. It should be noted that two-way

arrows connecting the clusters represent interdependencies

among elements, where an arrow direction signify depen-

dence and starts from an element to another that may in-

fluence it [17].

Figure 5 contains the entire inner dependence – the parent

element and the elements to be compared are in the same

cluster so that the cluster is linked to itself and a loop

link appears – among elements within each cluster except

in the environmental and alternative clusters. It indicates

that the connections between the elements are in the same

cluster. For example, column A8 means A2, A4, A5, A6

are interrelated with respect to A8.

The proposed model also contains outer dependence which

is the relationship between elements in one cluster with

others in other clusters [15]. For example, in Table 3,

when considering A8, the elements G1, G2 G3 and G4

in the (G) Alternative cluster are interconnected and pair-

wise compared with respect to A8 in the (A) Technical

cluster. The exception is the regulatory and environmental
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Fig. 5. The ANP network model with connections among elements/clusters.

clusters, i.e., none of the elements in both clusters depend

on elements from other clusters with respect to a com-

mon attribute within a cluster. Also, the technical and so-

cial clusters have no outer dependence on the economic

cluster.

Feedback links in which one compares the alternatives with

respect to criteria, as in a hierarchy, and also compares the

dominance of one criterion versus another for each alterna-

tive exist in this structure. Table 3 illustrates that there is

mutual outer dependence of criteria in two different clusters

as can be seen between the alternative cluster and all other

clusters; technical and social clusters and infrastructure and

economic clusters. For example, G1 is the parent element

and all elements in other clusters except in cluster G are

its children elements, which indicates that criteria may be

compared with respect to an alternative. This is the strength

of the ANP approach because dependence and feedback

are incorporated in real life problems, in which a deci-

sion process not only compares alternatives with respect to

criteria but also vice versa. For instance, in addition to

separately comparing G1, G2, G3 and G4 with respect to

A1 and A7, A1 and A7 must also be compared with respect

to G1. A pairwise question to be asked is: what is a more

dominant characteristic of fiber optic cable technology, its

reliability or its bandwidth? However, since feedback in-

volves cycles, and cycling can be an infinite process, the

operations needed to derive the priorities become more de-

manding than with hierarchies [20].

Based on the above analysis, it is obvious that the de-

veloped inner and outer dependence and feedback among

the network structure shown in Table 3 excludes the

hierarchy form and calls for the network form to model

the selection of rural telecommunications infrastructure

technology.

5. Pairwise Comparisons

After constructing the ANP network, the next phase is

the measurement and data collection stage which involves

compiling a list of experts to provide judgements for pair-

wise comparisons. Both the AHP/ANP derive ratio scale

priorities by making paired comparison of elements on

common elements. The subjective judgements are to be

entered and assigned a numerical value based on the nine-

point scale suggested by Saaty [21] to obtain the corre-

sponding pairwise judgment matrices. A score of 1 in-

dicates the equality between the two elements whereas

score 9 represents the dominance of the row element in

the matrix over the column element. A reciprocal value

is automatically assigned in the opposite position in the

matrix, i.e., ai j = 1/ai j.

In this model, pairwise comparisons are identified accord-

ing to the connections developed in Table 3 and then rele-

vant pairwise comparison matrices are created accordingly.

The columns in the table present the parent elements, while

the rows present the children elements in the structure. For

example, G1 is a parent element and A1 through F2 are

its children elements. The elements that are to be pair-

wise compared are always all in the same cluster. They are

compared with respect to their parent element, the element

from which they are connected.

There are a number of comparison matrices for every par-

ent element, and one comparison matrix for elements in

the same cluster originating from the same parent element.
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Fig. 6. An example of SuperDecisions pairwise comparison process.

For example, there are four comparison matrices for crite-

rion B6, one for each of clusters A, B, C and G. Elements

within D cluster cannot be compared with respect to B6

because there should be at least two entries of 1 available

within any cluster to perform pairwise comparisons. There-

fore, A1, A2, and A5 through A9 are pairwise compared

with respect to B6; B1 through B5, B7 and B8 are pairwise

compared with respect to B6; C1 and C5 are pairwise com-

pared with respect to B6; and G1 through G4 are pairwise

compared with respect to B6. This results in local priorities

of the children elements with respect to the parent element.

It is only necessary to make n(n− 1)/2 comparisons to

establish the full set of pairwise judgements, where n de-

notes the number of elements (nodes). For example, six

pairwise comparison questions are required for A1 because

n = 4 for the alternatives outer dependence on A1, while

for A8, twelve pairwise comparison questions are needed

because n = 4 for the inner dependence within the technical

cluster, and also n = 4 for the alternatives outer dependence

on A8.

In this developed structure; there are a total of 92 judge-

ment matrices which include 674 pairwise comparison

questions for both inner and outer dependences developed

within the network. It is obvious that the task of ask-

ing such a large number of questions would be very enor-

mous and would require intensive efforts and extended

time. Hence, in order to establish a more rational approach

to collect pairwise comparison judgements from qualified

telecommunication experts, and also to economize efforts,

it was decided to design and use several online question-

naires to gather data from experts. The questionnaires

included all required pairwise questions to assess expert

judgments in relation to the relative influence of affecting

elements on the affected ones.

An example of such pairwise question is: “In selecting

an appropriate backbone infrastructure technology in rural

areas of developing countries, which influences fiber optic

cable technology more, ease of installation or ease of main-

tenance? Conversely, given the ease of installation, which

of these technologies are more dominant, fiber optic cable

or satellite?”

Since the clusters in this network are not equally impor-

tant, their weights in the cluster matrix are obtained by

pairwise comparisons. Each cluster is taken in turn as

a parent cluster, and the other clusters connected to it are

pairwise compared for importance with respect to their in-

fluence on it [17]. It should be noted that the pairwise

comparisons to assess the influence of some cluster on all

other clusters is actually what distinguishes the ANP from

the AHP.

For example, one of the cluster comparison questions

addressed to the experts is: “Which influences the se-

lection of rural telecommunications backbone infrastruc-

ture more, economic or technical issues?” The obtained

cluster weights are used in a later stage to weight all

the elements in the unweighted supermatrix. The indi-

vidual expert pairwise comparisons are aggregated into

a representative group judgment, by applying geometric

means.

A score corresponding to the group judgment regarding

this question is then clicked to highlight the technology

providing more reliability relative to the technology pro-

viding less reliability. While, a score of 1 indicates the

equality between the two technologies, the blue scores rep-

resent the dominance of the row element in the matrix

(e.g., G1) over the column element (e.g., G2) and the red

scores are vice versa. A reciprocal value is automatically

assigned in the opposite position in the matrix.

An example of the comparison process used in SuperDeci-

sions is shown in Fig. 6. It presents the pairwise compar-

isons between alternatives G1 and G2, regarding the reli-

ability factor. The question being asked is “With respect

to reliability, which technology is more reliable: fiber op-

tic technology or power line communication?” The group

judgment was that G1 is between very strongly and ex-

tremely more reliable than G2, therefore the comparison

value of 8 is entered.

The comparison between all other alternatives regarding

different criteria is done in the same way.

The next stage of the process includes the computations

of the relative importance of the elements. For each com-

parison matrix a local priority vector (also referred as an

eigenvector) is computed, by applying the eigenvector ap-

proach [14], provided that the inconsistency ratio (IR) of

this matrix is less than 0.1.
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Table 4

Comparison matrix of alternatives with respect to reliability, IR = 0.0958

Alternative G1 G2 G3 G4 Eigenvector

(G1) Fiber optic cable 1.000 8.240 3.350 5.730 0.580

(G2) Power line communication 0.121 1.000 0.178 0.217 0.044

(G3) Microwave link 0.299 5.630 1.000 3.830 0.262

(G4) Satellite communication 0.175 4.610 0.261 1.000 0.114

Table 5

Ordering and clustering of criteria according to relevance and importance

Cluster Criteria
Priorities [%]

Normalized Limiting

(A) Technical

(A1) Reliability 18.73 2.42

(A2) Ease of maintenance 21.70 2.81

(A3) Remote network management 17.05 2.21

(A4) Compatibility 2.62 0.33

(A5) Ease of installation 2.80 0.36

(A6) Scalability 11.98 1.55

(A7) Bandwidth 13.42 1.74

(A8) Flexibility 3.50 0.45

(A9) Latency 8.21 1.06

(B) Infrastructure

(B1) Coverage range 58.32 7.96

(B2) Security of physical infrastructure 5.04 0.69

(B3) Proposed usage 12.07 1.65

(B4) Availability of skilled technicians 3.24 0.44

(B5) Access to existing telecoms infrastructure 4.74 0.65

(B6) Remoteness of area 3.22 0.44

(B7) Rollout time 5.84 0.80

(B8) Parallel infrastructure 7.53 1.03

(C) Economic

(C1) Operating cost 16.39 7.53

(C2) Funding sources 34.70 15.94

(C3) Capital cost 7.84 3.60

(C4) Return on investment 37.32 17.15

(C5) Economic development of area 3.75 1.72

(D1) Demand 64.96 1.74

(D) Social
(D2) Affordability 20.49 0.55

(D3) Population density 9.91 0.27

(D4) Community of interest 4.65 0.12

(E1) Spectrum availability 56.99 0.67

(E) Regulatory (E2) Licensing constraints 27.45 0.32

(E3) Rights of way 15.56 0.18

(F) Environmental
(F1) Terrain topography 56.81 0.71

(F2) Climatic conditions 43.19 0.54

The SuperDecisions can also deal with the issue of improv-

ing consistency of the matrices, by identifying the most

inconsistent judgments. The matrix consistency can then

be improved by providing more consistent judgements

by the decision makers so that IR ≤ 0.12. For further ex-

planation of inconsistency and how to calculate it, one can

refer to [22].

An example of an aggregated comparison matrix within

the alternative cluster (G) with respect to reliability (A1),

and the corresponding values of the eigenvector, is shown

in Table 4.

From this table we can see that in terms of reliability, the

fiber optic cable technology has the highest priority (0.580)

followed by microwave links and satellite with (0.262)

and (0.1244), respectively. The less reliable technology is

the power line communication (0.044). Since IR is less

than 0.12, this matrix is considered of acceptable con-

sistency.
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The eigenvector derived in this way is then entered as a part

of some column of a supermatrix. It represents the im-

pact of a given set of elements in a component on another

element in the system, where a component in a superma-

trix is the block, defined by a cluster name at the left and

a cluster name at the top. If an element has no influence on

another element, its influence priority is assigned zero [20].

The formation of a supermatrix in the ANP allows for the

resolution of the effects of the interdependence that exists

between the elements of the system.

The SuperDecisions performs necessary matrix operations

for structuring of the three supermatrices, associated with

this model, as shown in the Appendix. Table A1 illustrates

the unweighted supermatrix that contains the local prior-

ities derived from pairwise comparisons throughout the

network; they can be read directly from this matrix. The

weighted supermatrix shown in Table A2; is obtained by

multiplying all the elements in a component of the un-

weighted supermatrix by the corresponding cluster weight,

i.e., each block of column eigenvectors belonging to a com-

ponent is weighted by the priority of influence of that com-

ponent. This makes the entire columns sum to unity ex-

actly, i.e., the weighted supermatrix is said to be “column

stochastic”. Finally, the limit supermatrix is obtained by

raising the weighted supermatrix to the power k, where k

is an arbitrarily large number, to allow for convergence of

the interdependent relationships.

The final values of priorities of all the elements are obtained

by normalising each block, so that the columns of the limit

supermatrix become identical. The values of the priorities

of all elements can be read from any column [15] as can

be seen in Table A3.

The SuperDecisions has also been used to produce the pri-

orities shown in Table 5. It contains the relative importance

of all criteria considered in the model. For example, un-

der the limiting priorities’ column, one can observe that

the most important factors among all are the Return on in-

vestment criterion with a priority of 17.15% followed by

the Funding sources criterion with 15.94%. According to

the Normalized priorities column, the most important cri-

terion is the Demand with a priority of 64.96%, followed

by the Coverage range with 58.32%. Among the technical

criteria; the Ease of maintenance, Reliability and Remote

network management criteria have the highest priorities

of 21.71%, 18.73% and 17.05%, respectively. The Spec-

trum availability and Terrain topography factors are re-

garded as the most important within regulatory and envi-

ronmental clusters, with priorities of 56.99% and 56.81%,

respectively.

The relative importance of all other criteria considered in

the model can be seen in Table 5.

6. Conclusions

This research paper reports on the applicability of using

a MCDM method to enhance the selection process of an

essential rural infrastructure technology. An ANP model

incorporates both qualitative and quantitative approaches

to a decision problem. The qualitative part includes:

– identification of the decision problem;

– ensuring the suitability of ANP to solve the problem;

– decomposing the unstructured problem to a set of

manageable and measurable levels;

– compiling a list of experts to provide judgements for

making the decision.

The quantitative part includes:

– designing a questionnaire to collect input data

through pairwise comparison;

– estimating the relative importance between any two

elements in each matrix and calculating the relevant

eigenvectors;

– measuring the inconsistency of each matrix by em-

ploying the consistency ratio;

– eventually constructing the supermatrix using the

eigenvectors of the individual matrices.

Based on the performed analysis, it is shown that the prob-

lem has inner and outer dependences and feedback among

the elements, which excludes the hierarchy form (AHP)

and requires a network form to model the selection pro-

cess. The paper illustrates the use of the ANP method, but

no real life conclusions should be drawn from it, as each

telecommunication infrastructure provider will have its own

set of criteria. The attempt here is to present a generic

model based on factors and alternatives identified from the

published literature, best practices and telecommunications

experts that could then be adapted or extended to support

a particular context or a situation of a developing country.

Planners may therefore augment this model with their own

company-specific factors that might change the priorities.

The obtained results reflect the preferences of experts who

made the judgments, therefore, they cannot be considered

as an objective assessment of the relative suitability of the

four technologies as backbone infrastructure in rural areas.

Final alternatives scores should, therefore, be thought of as

an input to the decision-making process rather than its end.

This process would be refined with experience, optimising

the accuracy and time taken to reach proper decisions re-

garding the choice of telecommunication infrastructure in

rural surroundings.
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Appendix

Table A1

The unweighted supermatrix
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Table A2

The weighted supermatrix
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Table A3

The limit supermatrix
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Telecommunications, Universal

Service and Poverty in Mexico: a Public

Policy Assessment (1990–2008)
Cristina Casanueva-Reguart and Antonio Pita S.

Abstract—This article analyzes the design and implementa-

tion of telecommunications service policies targeted at the

poorest regions of Mexico (1990–2008). It begins by defining

universal access and service policies, their economic and social

rationale. Secondly, it discusses the scope of public policies on

universal service provision designed by Mexican authorities to

achieve the goal of universal access. Thirdly, the paper ana-

lyzes the distributive effects of this set of policies among the

poorest sectors of the population. The sources on which this

research was based were two national surveys: the House-

hold Income and Expenditure Survey (2008), and the House-

hold Survey of the Access and Use of Information Technolo-

gies (2007). The additional information on regional economic

development was based on the poverty indexes by the national

population council and economic information given by Mex-

ico’s Census Bureau. Additional use was made of the an-

nual reports prepared by Ministry of Communications, statis-

tics published by the Federal Telecommunications Commission

and official documents prepared by the government agencies.

Finally, a series of in-depth interviews was conducted with the

former representatives of the Office of Rural Telephony. Fi-

nally, the article discusses, in the light of available evidence,

possible explanations for the apparent failure of the universal

service policy that was implemented to bring at least basic

voice services to Mexico’s neediest.

Keywords—development, digital divide, market power, regula-

tory capture, social inclusion, universal service.

1. Introduction

The telecommunications services infrastructure is an im-

portant factor for economic development and social inclu-

sion, and a crucial component leading to greater equality

when services are available to and affordable to any person,

irrespective of levels of income and geographic location.

In developing countries gaps remained in the market mainly

because of regulatory failure, combined with exceptionally

challenging geography and extremely low population den-

sities, isolation and extreme poverty [1]. Government, in-

stitutions and public policy design have been faced with

a situation where authorities had a social obligation to en-

sure that their people had access to basic telecommunica-

tions, but the ability to enforce these obligations entailed

increasing difficulties. Some of these difficulties are related

to the asymmetry between the government regulatory bod-

ies and the power of the operators, particularly in the case

of an incumbent operator with market power in the supply

of almost every telecommunications service1.

This article analyzes the design and implementation of

telecommunications service policies targeted at the poorest

regions of Mexico (1990-2008). It begins by defining uni-

versal access and service policies, as well as their economic

and social rationale. The article then discusses the scope of

public policies on universal service provision designed by

Mexican authorities to achieve the goal of universal access,

namely:

• Monitoring by the regulatory authorities of compli-

ance on the part of the incumbent telecommunica-

tions operator, Teléfonos de México (Telmex), in ful-

filling its social obligations as the dominant operator,

following the company’s privatisation (1990);

• Government policy aimed at providing connectivity –

basic telephony services – to rural communities. This

article presents the main research results, which focus

on basic (voice) telecommunications services, both

land-line and wireless2. This policy was deployed

by private operators, mainly the incumbent. The par-

ticipation of operators was based on a public tender

processes organized by the government, which has

resulted in an additional profitable business for the

incumbent operator, with limited results in terms of

access to these services by the poor.

Thirdly, the paper analyzes the distributive effects of this

set of policies among the poorest sectors of the population.

Finally, the article discusses, in the light of available evi-

dence, possible explanations for the apparent failure of the

universal service or social coverage policies that were im-

plemented to bring at least basic voice services to Mexico’s

neediest, as well as the difficulties faced by the regula-

tory bodies behind the design and implementation of these

policies.

1Almost 20 years after Telmex’s privatization (1990) in 2009, Telmex’s

operated the 84.8% of the total the number of fixed line connec-

tions, and 72.3% of cellular lines. “The Competive Intelligence Unit”

(CIU), http://octavioislas.wordpress.com/2009/07/23/3236-mexico-the-

competitive-intelligence-unit-competencia-en-mexico-%C2%BFque-20-

anos-no-es-nada-telecomunicaciones/
2The results and the discussion, presented in this article, are part of

a larger project on Universal Access and Service which include telecom-

munications services and bandwidth in the provision of Internet, data and

video transmission.
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The sources on which this research was based were two

national surveys: the Household Income and Expenditure

Survey (2008), and the Household Survey of the Access and

Use of Information Technologies (2007). The additional

information on regional economic development reported in

this article was based on the poverty indexes drawn up by

the national population council and economic information

given by Mexico’s Census Bureau National Institute for

Statistics, Geography and Information (INEGI), Bank of

Economic Information (BIE), and housing and population

counting, 2005. Additional use was made of the annual re-

ports prepared by the Communications and Transport Sec-

retary (Ministry of Communications), statistics published

by the Federal Telecommunications Commission (COFE-

TEL) and official documents prepared by the government

agencies in charge of designing and monitoring the uni-

versal service telecommunications policies, principally the

Ministry of Communications. Finally, a series of in-depth

interviews was conducted with the former representatives of

the Office of Rural Telephony, who were in charge of mon-

itoring the implementation of social and universal telecom-

munications policies.

2. Access to Telecommunications

Services as a Fundamental Right;

Definitions of Universal Access

and Universal Service:

its Economic and Social Rationale

The recent literature on the universality of telecommunica-

tions services states, as a fundamental principle, that every

citizen has the right to access telecommunications services

with high quality standards. This implies fulfilling three

basic conditions: universality, equality and continuity, de-

fined as follows:

– universality: every citizen has the right to have access

to telecommunications services with a high standard

of quality;

– equality: universal access, irrespective of income lev-

els and geographic location;

– continuity: ensuring that the service continues to

maintain high quality standards, in an uninterrupted

manner.

Regarding universality, the literature on this subject distin-

guishes between universal access and universal service:

• Universal access is when everyone has the right to

use the service somewhere, in a public place. This

service is also defined as communal or shared access.

In general there would be at least one point of access

per settlement over a certain population size, within

a convenient and reasonable distance.

• Universal service is when every individual, house-

hold, business or institution can be provided with

a service, using it privately, either at home or in an

increasingly mobile variant, carried with the individ-

ual through wireless devices [2].

The rationale for a universal access or universal service pol-

icy is both economic and social. The economic rationale

is based on the market’s inability to provide infrastructure,

connectivity and services on a universal basis. Thus, uni-

versal access and service policies are justified in the face of

market gaps, so as to guarantee equality of economic op-

portunities, since telecommunications services are a critical

component in the production of goods and services, as well

as for social inclusion and, increasingly so, for political par-

ticipation.

The social rationale consists of the will of the public policy

makers who, as representatives of the state and its citizens,

must guarantee social inclusion and avoid the exclusion of

parts of the population, irrespective of income levels and

geographic location.

Furthermore, the three defining characteristics of universal

access and universal service are:

– availability: the service is accessible to inhabited

parts of the country through public, community,

shared or personal devices;

– accessibility: all citizens can use the service, regard-

less of location, gender, disabilities and other per-

sonal characteristics;

– affordability: the service is affordable to all citizens.

Thus, the policy of a universal telecommunications ser-

vice consists of an explicit, direct and focused public pol-

icy, aimed at offering telecommunications services at prices

that are affordable to the poorest sector of the population.

The fulfilment of this policy requires a subsidy, since this

sector of the population cannot afford these services at

market prices. The subsidy may be applied on the sup-

ply or demand side of these services. On the supply side,

it is usually applied through development and/or optimisa-

tion of the infrastructure (investment), which allows con-

nectivity and thus takes into account the difficulty of infras-

tructure provision given the level of geographical disper-

sion of these communities, as well as the cost of providing

the service.

On the demand side, the affordability of the provision of

these services must be addressed, because the population

currently without service generally lives in conditions of

poverty, sometimes extreme, and thus their income does

not allow them access to these services at the market price.

Hence, when supplying these services is not profitable for

the service operators, provision depends on various forms

of subsidy [3].
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3. Public Policies on Universal Service

Provision in Mexico under

the Responsibility

of the Telecommunications

Regulatory Bodies

According to the population counting of 2005, there were

184,748 rural communities in Mexico with a population of

fewer than 2,500 inhabitants, and 197,479 communities of

fewer than 5,000. These communities are inhabited by over

30 million men and women, which represented 29.1% of

the Mexican population. In addition, a notable feature of

these communities was their high level of dispersion, with

92.5% having fewer than 500 inhabitants.

Thus, in order to increase the social coverage of telecom-

munications services, a set of policies was drawn up and

implemented. They represented the main public policies

that have been put into practice to provide access and uni-

versal service in Mexico and among them, the most impor-

tant were:

• Monitoring of Teléfonos de México’s (Telmex, the

incumbent operator) compliance with its obligations

to provide a universal service, as set out in Telmex’s

licence of 1990, at the time that the public telecom-

munications operator was privatized. This licence

was granted by the Ministry of Communications and

Transport (Ministry of Communications3), which has

acted as a regulator and has the authority to moni-

tor Telmex’s compliance with its obligations regard-

ing universal service, rural telephony, as well as the

modernization and expansion of the public network,

contained in Telmex’s licence.

• Rural telephony (1995–2007), aimed at offering ser-

vices to communities with fewer than 500 inhabitants,

with a direct subsidy from the Ministry of Commu-

nications.

• The creation of the Social Coverage Fund (Fondo

de Cobertura Social, FONCOS: 2002–2007) by the

Ministry of Communications aimed at increasing the

coverage of rural telephony in communities with

a population of between 400 and 2,499 inhabitants.

For this purpose the regulator organized went out to

public tender, calling for bids from telecommunica-

tions operators. The conditions of the tender included

3In Mexico there are two main regulatory agencies directly involved

with telecommunications, the Subsecretaría de Comunicaciones (Ministry

of Communications), which is part of the Secretary of Communications

and Transports (Ministry of Communications and Transport). The second

regulatory agency is the Comisión Federal de Telecomunicaciones (Fed-

eral Telecommunications Commission), which is an autonomous govern-

ment agency. In the case of universal service and universal access, the

agency in charge of designing these policies is mainly the Ministry of

Communications. This ministry has performed the major role in the de-

sign of universal telecommunications policy and in the surveillance of the

implementation universal services by the operators.

the provision of non-returnable monetary resources,

which were originally allocated by the Ministry of Fi-

nance. In addition, the regulator allocated frequency

bandwidth resources that were reserved for the pur-

pose of social and universal service coverage, with

a ten year licence (renewable) to use these frequency

bands.

3.1. Telmex Licence: Universal Service Obligations and

Network Growth

The design of the universal service obligations included

in the incumbent operator’s licence should have addressed

the main challenges posed by the gaps in the market,

mainly in small rural communities generally located in re-

mote and isolated areas and where the poorest people of

the country live. This section deals with the context in

which Telmex was privatized, which explains the scope of

the clauses relating to universal service and rural telephony

included in the licence. The scope of both the content and

schedule for its implementation, as well as their impact

on bringing connectivity to the neediest communities, was

shaped to some extent by the context in which the privatiza-

tion of Telmex took place. This section begins by describ-

ing this context, then briefly presents the content of the

clauses relating to universal service obligations, namely,

regarding network expansion, rural telephony and public

telephones. It then presents the main results of an anal-

ysis of the impact of Telmex’s fulfilment of these licence

clauses.

In order to understand the government policy makers’ lim-

ited leverage on the definition of the clauses relating to uni-

versal obligations or social coverage in Telmex’s franchise

agreement(1990), it is useful to analyze the specific junc-

ture at which this process took place. During the 1980s,

with the economy severely indebted, the burden of foreign

debt and fiscal deficit had a major effect on the process of

privatization of public companies and specifically on the

approach adopted in the privatization of Telmex. Between

1965 and 1980 the economy had been growing at an aver-

age rate of 6.7%, but during the 80s this slowed to a yearly

average of 1.8%. In this context, government policy makers

embarked on an aggressive privatization program of pub-

lic companies, with two purposes in mind: to increase the

efficiency of Mexico’s economy and to improve Mexico’s

public finances.

In the case of the public telephone company in Mexico, the

potential revenue gain from this privatization and the public

finance argument prevailed. The decision to privatize the

public telecommunications operator in Mexico took place

in 1989. During the privatization of Telmex, emphasis was

placed on expected revenues. In fact, the privatization pro-

cess was chaired by the Ministry of Finance and not by the

Ministry of Communications and Transport [4]–[6].

To maximize revenues from privatization, the government

sold to a single set of investors a package that included

Telmex and Telnor, in addition to the only nationwide mo-

bile network franchise, as mentioned above, the Federal
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Microwave Network, as well as an ample bandwidth al-

location. Thus, overnight, the emerging company became

a formidable player in the sector. It was allowed to of-

fer all types of telecommunications services with the ex-

ception of television broadcasting services. Thus, Telmex

became a horizontally and vertically integrated telecom-

munications service provider with a nationwide network

for all its services. Furthermore, it was guaranteed lit-

tle or no competition in key services for several years.

The new private owners of Telmex were given a de jure

monopoly over the long distance markets (national and

international) for six years. They inherited the monopoly

over local telephone services. By creating a horizon-

tally and vertically integrated telecommunications com-

pany, the government could receive a higher price for pri-

vatizing the firm and reach a short-term public finance

goal. For potential buyers, the company was very attrac-

tive [4], [5]. They were allowed to buy a stream of ex-

cess profits sustained by a monopoly, more valuable than

a stream of revenue generated under competitive con-

ditions [7].

In the negotiation process that accompanied the privatiza-

tion of Telmex, government policy makers let the collec-

tion of revenues from privatization preside over other goals

such as economic efficiency, well-being and social inclu-

sion. This context explains the lack of leverage or bar-

gaining power of the authorities, specifically on the subject

of social coverage. Although Telmex’s license included

clauses governing universal service obligations, rural tele-

phony and public telephone booths, as well as network ex-

pansion, Telmex’s commitment to these clauses ended in

1994 and the results lagged very much behind the objective

of providing a basic universal telecommunications service

to rural areas.

The following paragraphs give a summary of the main

clauses relating to Telmex’s universal service and network

growth obligations. The result of an empirical analysis is

also presented, showing the outcomes of the implementa-

tion of these policies, reflecting the achievements of net-

work growth, rural telephony and public telephone services

or telephone booths (1990–1998).

From a regulatory perspective, Telmex’s licence made this

company operate as a regulated monopoly. The company

was given a set of operational goals that it was required to

meet:

– to expand the number of basic telephone lines by

a minimum of 12% per annum, until the end of 1994;

– to continually reduce the waiting period for the basic

telephone service in localities with automatic switch-

ing capabilities to a maximum of one month by the

year 2000;

– to provide a public payphone service to every locality

with more than 500 inhabitants by the end of 1994,

and to increase the penetration of public telephone

booths from 0.5 per thousand inhabitants, to five per

thousand by the end of 1998;

– to provide a public payphone service to every lo-

cality with more than 2,500 inhabitants (less than

5,000 inhabitants, according to the definition of rural

community), if there were at least 100 applications

from potential end users, and an up front payment

equivalent to three months’ line rental. “After these

conditions were fulfilled (. . . ) Telmex would deliver

the service within a time frame of not more than

18 months”4;

– to publish a four year (network) expansion and mod-

ernization programme, in accordance with the goals

set by the licence, and to agree with the Ministry of

Communications on programmes for rural telephony

and public telephone booths.

3.1.1. To Expand the Number of Basic Telephone Lines

by a Minimum of 12% per Annum

The 12% telephone line expansion requirement ended only

four years after the 1994 privatization of the sector. Quan-

titative goals for a longer period would have conflicted

with the goal of revenue maximization at the time of pri-

vatization. The results shown in Table 1 tend to support

the view that the quantitative line expansion requirement

set out in the concession or Telmex licence was an ef-

fective regulation. In fact, during the years 1991 to 1994,

Telmex’s average annual line expansion was 11.8%, and

thus close to meeting the 12% requirement. However, once

such an expansion requirement ceased to exist, average

line expansion fell to only 6.8% in the period 1994–2000

(see Table 1).

Table 1

Five year average growth in telephone lines and GDP

(1965–2000)

Period Telephone lines [%] GDP [%]

1965–1970 12.8 6.9

1970–1975 12.9 6.5

1975–1980 10.5 6.7

1980–1985 6.4 1.9

1985–1990 7.6 1.7

1990–1994 11.8 3.6

1994–2000 6.8 3.5

Source: SCT, Anuarios Estadísticos (1965–2000).

3.1.2. Rural Telephony: Basic Telephone Service to

Communities with More than 500 Inhabitants

(1990–1998)

As a result of the negotiations between government pol-

icy makers in the field of telecommunications and the

group of investors, Telmex’s licence freed them from their

obligation to serve communities with fewer than 500 in-

4 ´ ´SCT, Modificación a Telefonos de Mexico, 1990, http://www.cft.gob.mx/

work/sites/Cofetel 2008/resources/LocalContent/3964/1/10ago90.pdf
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Table 2

Telephone service to communities with more than 500 inhabitants

State
Lines per 1,000 Lines per 1,000

Rural

inhabitants inhabitants

communities Total population Total population
GDP

towns 500 to 2,499 towns 500–4,999

communicated towns towns
per capita

by Telmex, 500–2,499 500 to 4,999

1990–1994

Chiapas 1.00 0.44 950 951,521 2,136,825 37.8

Oaxaca 1.24 0.65 1,362 1,095,547 2,102,278 39.8

Tabasco 1.31 0.78 678 517,227 863,855 47.6

Guerrero 1.27 0.63 932 732,388 1,470,855 47.8

Tlaxcala 0.77 0.37 109 141396 294,861 47.9

National 1.35 0.65 16,738 13,339,307 27,937,529 83.2

Campeche 1.43 0.70 135 94653 193,781 121.7

Quintana Roo 1.54 0.74 122 79123 164,691 126.4

Coahuila 1.65 0.70 238 144448 337,934 129.8

Nuevo León 3.30 0.79 232 70211 293,812 173.5

Distrito Federal 0.00 0.00 0 13268 26,550 188.0

Source: SCT, Annual Reports, INEGI, Census 1990.

habitants, which according to the census of 1990 repre-

sented 21.16 million people or 47.2% of the inhabitants in

rural communities in Mexico [8].

An analysis of the impact of Telmex’s rural telephony op-

erations points to very limited results. The impact on tele-

phone density, following Telmex’s compliance with require-

ments on basic telephone service provision in rural towns,

was extremely low, even when telephone density was es-

timated as the number of lines per thousand inhabitants5.

This estimate shows that the country’s average telephone

density was 1.35 lines per 1,000 inhabitants in rural com-

munities (500 to 2,499 inhabitants), and if the definition of

rural communities included “enlarged rural communities”

(from 500 to 4,999 inhabitants), the telephone density es-

timate drops to half the previous figure, or 0.65 lines per

thousand inhabitants. Based on this analysis it is possible

to assert that fulfilment of overall requirements, provision

of rural telephony and the installation of public telephone

booths in rural areas, had very much fallen behind in rela-

tion to the goals set by Telmex’s licence (see Table 2, which

presents the telephone density, according to our definition,

in the five more prosperous states and in the five poorest

states in Mexico).

Thus, in spite of the fact that public telephone booths were

the strategy mostly used by Telmex to fulfil its universal

or social obligations, compliance with the commitment of

providing public access through public telephone booths

was insufficient. At the end of 1998, Telmex admitted that

it had only installed 3.19 public booths per 1,000 inhabi-

tants. Taking into account that Mexico’s population at the

time was 96 million, Telmex would have had to install at

least 480 thousand public booths in order to comply with

the social obligation dictated by its licence. Unfortunately,

5See Caslon analytics, metrics and statistics, http://www.caslon.com.au/

metricsguide8.htm

Fig. 1. Number of rural communities with more than 500 inhab-

itants, communicated by Telmex with at least one telephone line

(1990–2007).

according to the definition of universal service set out in

Telmex’s licence and because of the government’s lack of

leverage at the time of privatization, the universal service

obligation ceased and areas that were served with at least

one public booth increased slightly in 1995 and 1996 and

ceased to grow indefinitely from 1997 (see Figure 1 and

Table 3).

Table 3

Telephone lines provided by Telmex in communities

with a population of 500 or more inhabitants

Acumulated
Annual Annual

[number] [%]

4,350 2,854 190.8

16,542 4,006 32.0

Average annual growth: 1990–1994 93.4253

16,735 193 1.2

16,738 0 0.0

16,738 0 0.0

16,738 0 0.0

Average annual growth: 1994–2007 0.0014

Sources: SCT, Annual Reports (2000 and 2007).
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Table 4

Teledensity and level of development in different states in Mexico, 2008

State
Lines per Non residential Mobile GDP

Poverty index
households [%] lines1 [%] lines2 per capita

National 52.2 12.7 71 96.8

Chiapas 19.1 4.2 41.1 37.8 Very high

Oaxaca 26.4 4.6 39.8 39.8 Very high

Tabasco 28.1 6.7 75 47.6 High

Guerrero 40.6 7 44.8 47.8 Very high

Tlaxcala 40.3 4.4 44.1 47.9 Medium

Campeche 32.7 6.4 71 121.7 High

Quintana Roo 38.0 16.1 95.9 126.4 Low

Coahuila 63.3 12 86.6 129.8 Low

Nuevo León 79.9 22.2 91.8 173.5 Very low

Distrito Federal 104.6 40.5 102.7 188 Very low

1 lines per one thousand employed people, 2 lines per one hundred people.

Sources: Cofetel, 2008; INEGI, 2005 and 2008, National Population Council, 2005.

According to Telmex’s license, the commitment to pro-

vide a basic service under the premise of universal access

through public booths in Mexico is far outweighed by the

challenge of providing services to the poorest communities

Table 5

Average revenue per capita in selected developing

countries, 2007

Latin
Country ARPU

GDP ARPU/GDP
America per capita per capita1

Colombia 131.0 7,400 1.8

Mexico 178.0 12,400 1.4

Brazil 17.2 9,500 0.2

Chile 17.0 14,300 0.1

Argentina 12.2 13,100 0.1

Emerging Hungary 26.5 19,300 0.1
Europe

Czech R. 28.5 24,500 0.1

Poland 17.0 16,200 0.1

Ukraine 7.0 7,000 0.1

Russia 10.0 14,800 0.1

Africa/ Turkey 13.7 12,000.00 0.1
Middle East

Iraq 12.3 3,700.00 0.3

South Africa 20.7 9,700.00 0.2

Egypt 9.7 5,000.00 0.2

Emerging India 8.6 2,600 0.3
Asia

China 10.8 5,400 0.2

Korea 45.0 25,000 0.2

Taiwan 23.0 30,100 0.1

Singapore 348.0 49,900 0.7

Hong Kong 22.5 42,000 0.1

1 ARPU – average revenue per user: the estimation gives

ARPU as a percentage of GDP per capita, in each country.

Sources: Merrill Lynch, 2008, CIA World Factbook, 2008,

and Office of Rurar Telephony, 2009.

of Mexico. This is true more particularly in the context

of a large deficit of telecommunications services in the

country as a whole: on average, there is provision to

only 5 households out of every ten (52.2%) and 12.7 non

residential lines per one thousand employed people (see

Table 4).

Most likely the deficit of connectivity has been compen-

sated for by the use of cellular or mobile services, at mar-

ket prices. A comparative analysis of revenue per minute

from wireless services suggests that Mexico has one of the

highest tariffs for mobile services (see Table 5).

The following section presents information relating to the

“agreements” between Telmex and the Ministry of Commu-

nications, which according to its licence, were supposed to

continue after 1994.

3.1.3. Telmex Agreements with the Ministry of Commu-

nications on Programmes for Network Expansion,

Rural Telephony and Public Telephone Booths

(1995 to date)

In 1995, according to Telmex’s licence, the company

was required every four years to establish a programme

for network expansion and provision of rural telephony

and public telephone booths. However, in spite of the fact

that an exchange of documents took place between Telmex

and the Ministry of Communications in 1995, this ex-

change did not materialize into an action programme.It was

not until 1998 that this took place, when Telmex set up

a rural telephony programme, supposedly in an agreement

with the Ministry of Communications, retroactive to 1995

(1995–1998).

In December 1998 Telmex sent a report on the fulfilment of

the goals of this programme. The main goal achieved was

the additional coverage, compared to 1994, of 4,288 com-

munities, through public telephone lines or public booths.
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However, strictly speaking, the service provided to these

additional communities was part of a rural telephony

project undertaken by the Ministry of Communications.

Telmex was involved as the winner of a public tender in

which they were chosen as the provider, but the project

was financed by the Ministry of Communications (the re-

sults are presented below of the universal service policy

undertaken by the Ministry of Communications).

It was only in July 2006, when Telmex delivered its results

on network expansion and rural telephony for the periods

1995–1998, 1999–2002 and 2003–2006. The documents

handed over by Telmex to the Ministry of Communica-

tions were accompanied by an appeal for confidentiality

and the Ministry of Communications accepted the condi-

tion of confidentiality requested by Telmex. Nevertheless,

the annual reports published by the Ministry of Communi-

cations (2001–2006) showed that since 1994, Telmex made

a very small contribution in this area.

The privatization of Telmex and the attempts to regulate

the monopoly through this company’s license did not bring

a strengthening of the regulatory authority’s monitoring

and enforcement capabilities. This had a severe effect on

achieving the goals set by the universal service or universal

obligations defined in Telmex’s licence following privatiza-

tion. Studies on telecommunications reform suggest that

privatization by itself, without a strong regulator, does not

yield significant performance improvements in the telecom-

munications sector [5], [7], [9].

4. Rural Telecommunications Services

for Communities of Fewer than

500 Inhabitants: Direct Government

Subsidy

This section analyzes the policy directly implemented

by the Ministry of Communications, aimed at providing

telecommunications services to rural communities of be-

tween 100 and 499 inhabitants. These programmes origi-

nally focused on small towns and villages with fewer than

500 inhabitants (1990–2002), but later on, with the estab-

lishment of the Social Coverage Fund (FONCOS), the focus

of these programmes shifted to communities of between

400 and 2,500 inhabitants.

Table 6

Rural telephony supplier

Cellular company Lines %

Telcel 8,358 25.1

Iusacell 11,012 33.1

Telecomm 13,772 41.4

Others 100 0.3

Total 33,242 100.0

Source: Office of Rural Telephony.

The programme was directly financed by the Ministry of

Communication (1995–2006) and was aimed at communi-

ties with fewer than 500 inhabitants. It involved the main

providers of mobile telecommunications services, includ-

ing Telcel, the mobile company part of the same group as

Telmex (25%), and the public satellite company, Telecomm

(41.4%, see Table 6).

The size of these targeted communities confirmed that the

policy successfully focussed on the poorest towns of Mex-

ico and even in cases where regions of higher income were

served, the subsidy focussed on the neediest rural commu-

nities that are generally located in remote and isolated ar-

eas (see Table 3). Nevertheless, telephone density in these

small towns remained extremely low, as was the case of the

services provided by Telmex in larger communities, where

the estimated telephone density is 0.45 lines per 100 in-

habitants when population data for these communities is

taken from the 2000 census and 0.44 with population data

is from 2005 (counting of population and housing, 2005,

see Table 7). It is also likely that the actual telephone

density in these small towns was higher because of the

use of mobile technology, when it was available in these

regions.

An additional source of information consisted of in-depth

interviews with the former representatives of the Office

of Rural Telephony, part of the aforementioned Ministry

of Communications, where data compiled by this office is

based on their fieldwork aimed at verifying the correct oper-

ation of the installed lines. This information complements

that of the previous analysis6.

The information provided by the Office of Rural Telephony

showed that 33,242 lines were installed between 1995 and

2006. An analysis of this information also showed a very

rapid growth in the number of installed lines between 1995

and 2000 (135.42% yearly average growth) and that the

pace of growth declined considerably over the following

years, where the yearly average growth observed between

2001 and 2005 was only 1.16%. There was no evidence of

growth between 2006 and 2009.

The results of the former analysis are even more dramatic

considering the outcome of the fieldwork aimed at veri-

fying the correction operation of the equipment. Here the

data showed that only 41.5% of the installed lines were

in operation and out of these, 58.5% of the lines were

out of service and abandoned. The interviews with the for-

mer representatives of this office suggested that the peo-

ple of these communities were gradually shifting to mo-

bile technology, where this service was available, in spite

of the higher costs involved in the use of mobile commu-

nication.

The former observations raise doubts over the commitment

made by the government for bridging the connectivity gap

in the smallest and poorest communities of Mexico. It also

6Is worth mentioning that there is an inconsistency between the infor-

mation accounted by the Annual Report (2007) and the Office of Rural

Communication, the first source reported 34,676 installed lines, an the

Office of Rural Telephony accounted for 33,242, the difference between

the two sources is 1,434 installed lines.
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Table 7

Rural telephony, lines installed by Secretary of Communications, towns between 100 and 499 inhabitants, 1995–2007

Communities Lines 2007
Teledensity Teledensity

GDP per capita
/100, 2000 /100, 2005

Total 184,748 34,676 0.45 0.44 70.88

Chiapas 19,237 3,560 0.48 0.42 28.6

Oaxaca 10,025 2,540 0.41 0.37 32.5

Tlaxcala 1,138 117 0.41 0.41 37.3

Michoacán 8,965 1,861 0.45 0.45 39.9

Chihuahua 12,095 896 0.43 0.53 102.9

Quintana Roo 1,800 177 0.46 0.44 107.5

Campeche 2,595 240 0.49 0.35 121.7

Baja California 3,918 248 0.56 0.56 93.0

Campeche 2,595 240 0.49 0.35 121.7

Nuevo León 5,169 561 0.50 0.57 133.1

Source: INEGI, Censo de Población y Vivienda, 2000; Conteo Población y Vivienda, 2005; Ministry of Communications,

Annual Report (2000–2007) and Bank of Economic Information (BIE), 2007.

raises questions over the nature of the agreements signed

by the Ministry of Communications and the operators un-

dertaking the installation of the telephone lines, specifi-

cally operation and maintenance in accordance with accept-

able quality standards. The personnel interviewed agreed

Table 8

Number of new telephones installed in communities

with less than 500 inhabitants 1995–2008

1995 4,000

1996 9,369

1997 10,545

1998 20,208

1999 23,063

2000 31,083

Average annual growth 1995–2000 135.42

2001 31,083

2002 31,453

2003 31,820

2004 32,326

2005 32,841

2006 33,240

2007 33,242

Average annual growth 2001–2008 1.16

Source: Ministry of Communications, Office of Rural
Telephony.

that the contracts included maintenance and quality clauses,

which pose additional questions on the strength of the min-

istry as a regulator capable of enforcing these clauses.

5. Social Coverage Fund (FONCOS)

In 2002 the Social Coverage Fund (FONCOS) was estab-

lished as a trust fund with an allocation of 75 million

US dollars7 provided by the Ministry of Finance to the

Ministry of Communications. Its main purpose was for the

funding of social telecommunications services, focussed on

serving communities of between 400 to 2,500 inhabitants.

The Ministry of Communications designed two differ-

ent public tender processes. The first, Basic Telephony 1

(STB-1 to use its Spanish acronym), was aimed at installing

public telephone lines in communities of extreme poverty.

The second, Basic Telephony 2 or STB-2, focussed on com-

munities with higher levels of income. For STB-1, the sub-

sidy for the chosen operator consisted of both financial and

bandwidth resources for 10 years (renewable), which were

reserved by the government for social coverage purposes.

The subsidy to the end user included all expenses relating

to the installation and rental of the equipment, so that the

end user had only to pay for call traffic, charged for via

prepaid cards.

For STB-2, the subsidy to the winning operator consisted

of bandwidth resources only. The end user was charged

for installation costs and call traffic, exonerating them from

payment for the rented equipment. In this case, the sub-

sidy for the chosen company consisted only of the licence to

operate bandwidth resources for 10 years (also renewable).

Although in the first round four companies participated,

two of them were Telmex and Telcel. The latter is a mo-

bile service provider belonging to the same consortium as

Telmex. In the second round of the tender process, Telmex

was the only bidder. In both public tenders Telmex, the

incumbent operator, was chosen. The contract with this

incumbent operator was signed on February 2005 with the

target of serving 5,979 communities.

There were two changes to the terms of the contact signed

between Telmex and the Ministry of Communications. The

first was related to the inability to serve 737 communities

7The total sum accounted by 750 million pesos, the exchange rate be-

tween Mexican pesos and US dollars at the time was around 10 Mexican

pesos per US dollar.
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due to the fact that these towns lacked an electricity in-

frastructure or due to difficulties imposed by weather con-

tingencies. The settlement consisted of a time extension

granted to Telmex in order to serve 506 communities.

The second change to the original contract consisted of ex-

changing bandwidth resources reserved by the government

for social coverage purposes for bandwidth with high com-

mercial value for Telmex. This change had severe implica-

tions for both the implementation of the universal service

process and in terms of the dominant control of infras-

tructure on the part of the incumbent operator. This latter

implication had negative consequences due to the lack of

competition in the telecommunications services markets,

thus affecting the economy and society as whole.

In November 2006, a few weeks before the end of the pres-

idential and ministerial administration of 2000–2006, an

exchange of frequency bands took place: its 21 MHz allo-

cation in the 1.5 GHz band, which was originally allocated

by the Ministry of Communications to Telmex as part of

the Social Coverage Fund, was exchanged for 10 MHz in

the 450 MHz band. The Ministry of Communications did

not exercise its power to monitor the use of these frequency

bands.

The exchange of frequency bands turned out to be commer-

cially convenient for Telmex, since the 450 MHz band was

the most appropriate for the provision of wireless services

with technology known as CDMA 450. Among the advan-

tages of the use of frequency resources with this technology

are:

• The ability to digitalize and interleave calls with

a code attached to each one, allowing a large number

of simultaneous calls without interference.

• An additional advantage consisted of having a larger

coverage per cell, which requires a smaller number

of cells, resulting in a more cost-effective technology.

Also, the possibility of supplying a wide variety of

services, such as Internet, telephony, data transmis-

sion, videoconferencing and connectivity between lo-

cal networks.

• This frequency band also makes use of CDMA 2000

1X and CDMA 2000 1xEV-DO technologies, which

allow for high speed data transmission, equivalent to

the digital service line (DSL).

The exchange of bandwidth resources dedicated to social

telephony for resources with ten years of high commercial

value was carried out by the Ministry of Communications

and allowed Telmex access to and use of these resources

without going through an open public tender. This raised

questions over Telmex’s interest in participating in the so-

cial coverage tender process.

Former representatives of the Office of Rural Telephony ar-

gued that Telmex’s true interest was to acquire the use of

the frequency bandwidth resources, with a potentially high

financial return, thus evading the higher transactional and

monetary costs involved in taking part in an open public

tender, which has been the allocation mechanism for radio

bandwidth resources for commercial use drawn up by the

government in accordance with the federal law on telecom-

munications (1995)8.

The former analysis leads us to consider the role of the

government authorities in organizing tender processes and

allocating public financial and bandwidth resources for so-

cial coverage. In this case, the Ministry of Communications

played a different role by granting valuable infrastructure

resources to be used commercially, at a very low cost for

the incumbent operator.

Additionally, and based on fieldwork and remote monitor-

ing performed by the Office of Rural Telephony, the super-

vision of the services offered by Telmex under the Social

Coverage Fund (FONCOS) showed that, out of the pro-

gramme objective of 109,016 telephone lines (75,797 lines

under the STB-1 program and 33,219 under the STB-2 pro-

gram), only 88,791 were actually installed, which implies

that 20,225 lines were never installed.

There was a brief period, after 2006, when the new admin-

istration of the Ministry of Communications verified the

services delivered by Telmex, under the Social Coverage

Fund. The Ministry Office of Rural Telephony identified

numerous irregularities, for example the installation of two

land line connections in the same household, which proved

less costly for Telmex (19,397 lines). A similar discovery

was made of lines that were not connected to any specific

household, which obstructed the verification of their opera-

tion (6,983 lines). In contrast, before 2006, the Ministry of

Communications had punctually paid Telmex, based on the

invoices that the company presented. During a brief period

of time the Ministry of Communications initiated a process

to impose sanctions on Telmex and to suspend payments to

the company. However, this process never transcended the

boundaries of the ministry because different groups within

the ministry restricted the sanctioning process. Further-

more, the group that initiated this process no longer serves

in the Ministry of Communications.

Here again, the analysis reveals the role of the regulator,

firstly in the tender process, and specifically, in the pro-

cess of allocating bandwidth resources with a high poten-

tial return for Telmex. Furthermore, the regulator did not

supervise the use of these resources, which were specifi-

cally allocated for social communications coverage. This

finding suggests regulatory capture and corruption on the

part of the regulator [10], taken to a serious extreme since

the regulator did not exercise its power in preventing the

re-allocation of resources originally targeted at the poor-

est people, which in turn strengthened the market power of

Telmex. Secondly, the regulator did not impose sanctions

on Telmex for its breach of the agreement on social cover-

age. The role of the regulator was eclipsed, most probably

by numerous instances of lobbying, resulting in a failure to

8Federal Telecommunications Law: Article 14. The licenses for the use

of radiofrequency bands for determined uses will be granted through an

open public auction. The Federal Government has the right to receive the

agreed monetary resources; http://www.diputados.gob.mx/LeyesBiblio/

pdf/118.pdf
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Table 9

Telecommunication services distribution according to households’ income (deciles), 2008

Service Deciles

1 2 3 4 5 6 7 8 9 10

Line connection 22.6 45.8 56.4 66.5 76.2 78.5 83.4 87.7 91.7 92.6

Mobile service1 22.1 42.2 52.0 65.2 70.4 77.7 82.1 87.0 91.1 86.7

Cable or satellite TV 5.0 12.7 17.5 26.2 32.6 41.5 50.3 62.3 72.3 75.8

Internet 0.2 1.7 3.4 7.2 11.4 17.4 27.2 41.4 56.1 60.1

1 Mobile services are accounted when at least one member of the household has a mobile line.

Source: INEGI: ENIGH, 2008.

consider the well being and social inclusion of the poorest

sector of the population.

So far the limited achievements of the different public poli-

cies aimed at providing universal service have been pre-

sented as being due firstly to the limited implementation of

the clauses set out in Telmex’s licence and secondly to the

violation of various agreements, including the FONCOS

contract with Telmex.

There are then at least three main findings that can be drawn

from the previous analysis: firstly, that the provision of uni-

versal service or universal access has been extremely lim-

ited in addressing the market gaps in Mexico’s rural areas

and telephone density in the different services continues to

be very low. Twenty years after privatization of the pub-

lic telephone company and 15 years after the liberalization

of the telecommunications markets in Mexico, connectivity

and telephone density remain a major challenge for public

policy in Mexico. The second major finding is the contin-

ual breaching by Telmex of its universal access or service

commitments, not only as was originally stated as part of

its licence, but later as the result of a contract that was

signed with the Ministry of Communications making it the

main supplier of these services. Finally, the third finding is

the limited leverage of the telecommunications authorities

and their difficulty in enforcing contracts and agreements,

as well as in imposing sanctions.

There is an extremely low density telecommunications in-

frastructure in rural areas, with the exception of the mobile

infrastructure existing in some. This has led end users to

rely increasingly on mobile services, which are more costly

than regular services. The following section analyzes the

distributive effects of this set of policies among the poorest

sectors of the population.

6. Access and Expenditure in

Telecommunications Services by the

Poorest Sectors of the Population and

their Relation to Income Distribution

In this section, we analyze the distribution of telecom-

munications services as a function of different levels of

household income. The starting point for this analysis is

the decile distribution of households by level of income

and their expenditure on telecommunications services as

a proportion of their income. The source of informa-

tion is the Household Income and Expenditure Survey for

2008, based on a nationwide representative sample. Each

decile comprises the same number of households, which

are ranked from the lowest to highest income. Compar-

ing the lowest income decile with the highest, the latter is

30 times higher.

6.1. Access to Services

Those households within the lowest income decile (the

poorest) have a significantly lower level of access to

telecommunications services compared with households

with higher income. This finding is consistent with the

results previously presented on universal service provision

and on the low density of infrastructure presented before.

In the lowest decile, only two households in every 10 have

a home telephone line connection, while in the highest in-

come decile, nine out of every 10 have a land line connec-

tion in their homes. Very similar figures can be found for

mobile services (see Table 9).

In the case of cable or satellite TV services, which have

the technical capability for supporting telecommunications

services and are currently used by many countries for that

purpose, including urban areas of Mexico, the distribution

of these services is even more skewed than land line con-

nections or mobile services. Thus, in the lowest decile only

5% of households have access to TV based on this infras-

tructure, while 75% of households in the highest income

decile have access to this service. The most dramatic case

of this unequal distribution is found in relation to Internet

access, where 60.1% of households in the highest income

decile have access to the Internet, while in the lowest, only

0.02% have this service in their homes (see Table 9).

6.2. Expenditure on Telecommunications Services

The expenditure of the poorest households on telecommu-

nications services as a percentage of their total outgoings

is twice as high as the expenditure of the wealthiest house-

holds: 4.2% in the lowest deciles and 1.9% in the highest
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deciles. These results suggest that the demand for telecom-

munications services tends to be inelastic, which means that

people tend to demand and use these services regardless of

their income. The larger proportion of the expenditure of

poorest families is explained by the fact that they live in

remote and isolated areas and depend more on public tele-

phone booths and mobile services, which tend to be more

expensive (see Table 10). As mentioned before, mobile ser-

vices in Mexico have one of the highest prices compared

to other developing countries (see Table 5).

Table 10

Expenditure in telecommunications as a percentage

of total expenses by decil (2006=100)

Decil

Average households Expenditure in telecom-

income per munications as a percentage

quarter MEX pesos of total expenses

1 3,320 4.2

2 7,174 4.1

3 10,042 4.3

4 12,739 4.3

5 15,845 4.4

6 19,506 4.5

7 24,246 4.2

8 31,472 3.8

9 43,796 3.2

10 99,215 1.9

Source: INEGI: ENIGH, 2008.

An additional factor that induces greater expenditure for

the poorest areas is related to the outdated definition of

the areas of local service, which has no technical or eco-

nomic (cost-related) basis and artificially classifies a call as

long distance, incurring higher charge. This particularly af-

fects people in rural areas, where the largest share of their

traffic consists of long distance calls. The higher expen-

diture on telecommunications services has an impact on

the opportunity for the poorest sectors of the population to

spend in other areas like health, nutrition, education, home

maintenance, or make a higher investment in productive

activities.

These results also suggest that the provision of telecom-

munications services under the aegis of “universal access”

or “universal service” is lagging behind the unfulfilled de-

mand for these services. This leaves the poorest sectors of

the population dependent on the supply of services at mar-

ket prices, and mostly wireless services which are more

expensive and difficult for them to afford.

7. Conclusions

Almost 20 years after Mexico’s privatization of the telecom-

munications services by the incumbent operator, Telmex

(Teléfonos de México), the premise of universal service is

far from being fulfilled. Thus on average, only five out of

every 10 households have access to a basic telephone ser-

vice and in some states such as Tabasco and Chiapas only

three, while in Oaxaca only two (1.9) out of 10 households

have access to a telephone line. Similarly, when analyzing

expenditure on telecommunications services, the collected

data has demonstrated that in contrast to what has been

the goal of the universal service policy in Mexico, namely

social inclusion and overcoming poverty, the telecommuni-

cations policies have become a regressive tax for Mexico’s

poorest. These dramatic results are in direct contradiction

with the fact that Telmex cheaply acquired radio bandwidth

for social services by continually winning their public ten-

ders, because regrettably, they later used them exclusively

for commercial purposes.

In explaining the reasons for these poor results, the paper

has also pointed out the shortcomings of the regulation in

place and of the implementation of this regulation by the

authorities, who are directly responsible for the failure to

comply with the telecommunications service policies orig-

inally targeted at the poorest regions of Mexico. These

shortcomings consist essentially of:

– restricting the application of services to communities

with more than 500 inhabitants;

– allowing Telmex to choose between serving rural

communities either by a public telephone booth or

by a land line connection to households;

– allowing a policy far below the standard provided by

the International Telecommunication Union;

– providing insufficient direct government subsidies for

rural telecommunications services for communities

with fewer than 500 inhabitants located in the poorest

states in Mexico, who not only lack a basic telecom-

munications infrastructure but also present the lowest

telephone density, seriously jeopardizing their right

to use adult distant learning education;

– imposing strong limits on competition by establishing

high barriers of entry for competitors in the mobile

services market, which has allowed very high prices

to be set for the end user and some of the highest

among developing countries (as shown in Table 5

above).

These shortcomings show that universal access to telecom-

munications services in Mexico is a representative case of

“regulatory capture” [10], [11], where the regulators and

government authorities have been ”captured” by the incum-

bent operator and have subordinated their regulatory power

to a monopoly-based profit-seeking behavior.

Finally, although it is impossible to go back to the time of

privatization, there is a long list of different regulations that

have already been implemented by both developed and de-

veloping countries, which were created before the described

policies for efficient universal access and service were im-

posed upon the incumbent operator’s licence permit. These

policies have achieved a larger density and better distribu-
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tion of services and some of the following regulations could

thus now be applied with greater chances of success:

• An obligation to provide interconnection on a non-

discriminatory basis, according to high quality stan-

dards and establishing charge estimates on the basis

of long term incremental cost. This applies particu-

larly to those networks with market power: Telmex

and Telcel.

• Unbundling the local loop, thus allowing non-

discriminatory access to sections of the incumbent

operator’s network infrastructure.

• To guarantee a free flow of information on network

capabilities, specifically on the points of presence and

network architecture. This also applies particularly to

Telmex and Telcel. This will contribute to creating

incentives for new investment and the participation

of new players, increasing coverage in regions previ-

ously lacking provision.

• To provide services across networks on a non-

discriminatory basis, to high quality standards. It

is known that international networks get better roam-

ing services from Mexican networks than the cross-

network services that national networks get between

one another. This has been a barrier to entry for new

players that have prevented investment and coverage

in regions lacking coverage. It is worth reiterating

that Telcel is the operator holding control of 75% of

lines and operating the largest mobile infrastructure.

• To allow mobile virtual network operators (MVNO),

which enable new players in the market to provide

mobile phone services without necessarily having

their own licensed bandwidth allocation, nor does it

necessarily require them to have the entire infrastruc-

ture required to provide mobile telephone services.

• Re-defining the domain of local services, whose def-

inition currently incurs an artificial increase in prices

for so-called long distance calls. Without a techni-

cal basis for such a definition, this particularly affects

those rural areas whose traffic is mainly long-distance

based.

• Enforcing the declaration of Telmex as an operator

with (monopolistic) market power and imposing upon

it special requirements regarding quality, prices and

information, so as to level the playing field by allow-

ing other operators to enter the market and promote

healthy competition.

• Closely monitoring Telmex and Telcel, in order to

guarantee the proper delivery of telecommunications

services to the poorer areas of Mexico.

• To ensure accountability and transparency in all legal

processes relating to telecommunications services,

regulation and competition. This not only provides

legal certainty, but is a potential antidote for regula-

tory capture and corruption.
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Performance Analysis

of a Bi-Objective Model for Routing

and Wavelength Assignment

in WDM Networks
˜ ´ ˜ ´Carlos Simoes, Teresa Gomes, Jose Craveirinha, and Joao Clımaco

Abstract—Establishing end-to-end connections on wavelength

division multiplexing (WDM) networks requires setting up

lightpaths, defining the sequence of optical fibres and the

wavelength in each fibre (the routing and wavelength assign-

ment problem) for traffic flow. This paper reviews a bicriteria

model for obtaining a topological path (unidirectional or sym-

metric bidirectional) for each lightpath request in a WDM

network, developed by the authors, and presents a perfor-

mance analysis of the model by considering important network

performance measures. An extensive performance analysis of

the two bicriteria model is presented, comparing the perfor-

mance metrics obtained with the monocriterion models using

the same objective functions, in five different reference net-

works commonly used in literature.

Keywords—multicriteria optimization, routing in WDM net-

works.

1. Introduction

1.1. Background Concepts

All-optical networks based on wavelength division mul-

tiplexing (WDM) have emerged as a promising technol-

ogy for network operators to respond to an increased de-

mand for broadband services, exploiting the huge band-

width of optical fibres. All-optical networks based on wave-

length division multiplexing consist of optical fibre links

and nodes, and the WDM scheme divides the optical band-

width into independent channels, each one with a different

wavelength, operating at transmission rates compatible with

the lower capacity of the end user’s devices. Each node in

a all-optical network has a dynamically configurable optical

switch or router which supports wavelength based switch-

ing or routing. Configuring these optical devices across the

network enables that node pairs can establish point-to-point

all-optical connections, or lightpaths, for information trans-

fer. A lightpath may span several fibre links and consist of

wavelength channels in the sequence of this links, intercon-

nected at the nodes by means of optical routing. In order

to establish a lightpath, the network needs to decide on the

topological route and the wavelength(s) for the lightpath.

In the absence of wavelength converters, a lightpath must

use the same wavelength on all the links of its route (the

wavelength continuity constraint), but wavelengths can be

reused by different lightpaths in the network, as long as

they do not share any fibre link.

Given a set of connection requests, the problem of setting

up lightpaths by defining a path and assigning a wavelength

to each of its links for every connection is called the routing

and wavelength assignment (RWA) problem.

If the network nodes have wavelength converters, it is

possible to assign different wavelengths on the multiple

links of the lightpath. As a result, the wavelength conti-

nuity constraint is relaxed, thereby increasing the possi-

ble number of lightpaths that can simultaneously be es-

tablished in the network. However, since wavelength con-

verters are costly and may cause signal quality degrada-

tion, often no wavelength converters are used or only some

nodes have this capability. The converter configuration of

the network is called full if all nodes have wavelength con-

verters and sparse if only a part of the nodes have them.

Obviously, wavelength conversion leads to lower blocking

probabilities, but, in practice, some works have shown that

with only a small number of converters placed in strategic

locations, a significant performance improvement can be

achieved [1]. On the other hand, when a node is capa-

ble of converting a wavelength to any other wavelength,

the node is said to have complete conversion capability. If

a node is able to convert an incoming wavelength to only

a subset of available wavelengths, the node is said to have

limited or partial conversion capability. A wavelength con-

verter is said to have a conversion degree D, if it can shift

any wavelength to one of D wavelengths.

Multi-fibre networks use several fibres per link. Consid-

ering that the nodes have no wavelength converters, the

possibilities of finding a lightpath satisfying the wavelength

continuity constraint is higher than in single fibre networks.

A multi-fibre network with F fibres per link and W wave-

lengths per fibre is functionally equivalent to a single-fibre

network with F ×W wavelengths and conversion degree

of F [2].

Connection requests are usually considered to be of three

types: static, incremental, and dynamic [3]. Regarding

static traffic, the entire set of connections is known in ad-

vance, and the problem is then to set up lightpaths for

these connections seeking to minimize network resources

such as the number of wavelengths or the number of fibres

in the network. In this case the RWA problem is known as

the static lightpath establishment (SLE) problem. Concern-

ing incremental-traffic, connection requests arrive sequen-

tially, a lightpath is established for each connection, and
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the lightpath remains in the network indefinitely. In the

case of dynamic traffic, a lightpath is set up for each con-

nection request as it arrives, and the lightpath is released

after some finite amount of time. The objective in the in-

cremental and dynamic traffic cases is to set up lightpaths

and assign wavelengths seeking to minimize the amount of

connection blocking, or to maximize the number of connec-

tions that are established in the network at any time. This

problem is designated as the dynamic lightpath establish-

ment (DLE) problem. The SLE problem can be formulated

as an integer linear program [4], which is known to be

NP-complete [5].

In order to make the RWA problem more tractable, it can

be divided into two sub-problems – routing and wavelength

assignment, so that each sub-problem can be solved sep-

arately. Nevertheless note that each sub-problem is still

NP-complete [5].

Routing methods in WDM networks can be classified into

two types: static routing and adaptive routing. Static rout-

ing encompasses fixed routing and fixed-alternate routing.

In fixed routing the same fixed route for a given source-

destination pair remains unchanged throughout time. The

fixed-alternate routing scheme pre-computes a set of paths

between each source-destination pair, and for each request,

a path from this pre-computed set is chosen. Adaptive

routing involves a dynamical search for a path when a con-

nection request arrives, taking into account the current

state of the network. Therefore in general, adaptive rout-

ing gives better blocking performance than fixed-alternate

routing [3].

A wavelength assignment algorithm is used to determine

the wavelengths in the arcs along the path chosen in the

routing step. Many wavelength assignment algorithms have

been proposed such as random, first fit, most-used, least-

used, least-loaded, max-sum, min-product, and relative ca-

pacity loss schemes [3].

In most approaches presented in the literature, routing

and wavelength assignment are optimized separately by

considering a decomposition of the global RWA problem

through heuristic algorithms, because these problems are

NP-complete. However, some algorithms consider the rout-

ing and the wavelength assignment jointly [6], [7].

Many different integer linear programming (ILP) formula-

tions have been proposed for the RWA problem in WDM

optical networks, under different objectives. However, al-

though those formulations lead to exact solutions, most of

the times they have not been used for developing solu-

tion schemes except for very small networks or for some

rounding off procedures [8]. Examples of monocriterion

approaches to the RWA problem, considering different met-

rics as objective functions are in the references: [3], [4],

[6], [7], [9]–[12].

1.2. Multicriteria Models

In general routing protocols only optimize one metric,

typically using some variant of a shortest path algorithm.

However all-optical WDM networks can be characterized in

terms of performance by multiple metrics. Also the design

of real networks usually involves multiple, often conflict-

ing objectives and various constraints. The development

of multicriteria models that explicitly represent the differ-

ent performance objectives, enabling to treat in a consistent

manner the trade off among the various criteria, seems to be

potentially advantageous in face of the inherent limitations

of single objective approaches.

Note that in models involving explicitly multiple and con-

flicting criteria, the concept of optimal solution is re-

placed by the concept of non-dominated solutions. A non-

dominated solution is a feasible solution such that no im-

provement in any criterion may be achieved without sacri-

ficing at least one of the other criteria.

A state-of-art review on multicriteria approaches in com-

munication networks was presented in [13], including a sec-

tion dedicated to routing models. A recent review on mul-

ticriteria routing models can be seen in [14].

In [15] two different criteria, path length and congestion in

the network, are considered and applied sequentially (the

second metric is only used if a tie occurs in the first one).

Two algorithms for dynamic traffic were proposed: least

congested shortest hop routing where priority is given to

efficient resource utilization (the algorithm selects the least

congested path among all shortest hop paths currently avail-

able); and shortest hop least congested routing in which

priority is given to maintaining the load balance in the net-

work (it selects the shortest hop path among all the least

congested paths). This type of models may be consid-

ered as a first-tentative multicriteria approach as analyzed

in [13].

In [16] a set of link disjoint routes for each node pair,

in a network with dynamic traffic, is pre-computed. Then

the weighted least-congestion routing and first-fit wave-

length assignment algorithm, which includes two criteria

(hop count and free wavelengths), combined in a single

weighted metric, is used to rank the paths. The same ap-

proach was proposed earlier in [17], which tries to min-

imize the resource utilization while simultaneously bal-

ancing the traffic load in the links. Nonetheless [17] only

considers networks with full wavelength conversion. These

models, which consider as solution of the bicriteria prob-

lem the optimal solution of the single objective function

resulting from the weighted sum of the considered cri-

teria, do not take full advantage of the possibilities of

multicriteria approaches and may lead to less effective

solutions.

A bicriteria model for obtaining a topological path (uni-

directional or symmetric bidirectional) for each lightpath

request in a WDM network with multi-fibre links and an

exact resolution approach for that model was presented by

the authors in [18]. The first criterion is related to band-

width usage in the links (or arcs) of the network. The sec-

ond criterion is the number of links (hops) of the path. The

resolution approach [18] uses an exact procedure to calcu-

late non-dominated topological paths based on a k-shortest
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path algorithm [19] which is based on an adaptation of the

MPS algorithm [20]. Furthermore, preference thresholds,

defined in the objective function’s space, combined with

a Chebyshev distance to a reference point [21] are used for

selecting the final solution. The solution of this bicriteria

model is a non-dominated topological (optically feasible)

path. A heuristic procedure is then used to assign wave-

lengths to the links.

The focus of this paper is to present an extensive and sys-

tematic performance analysis study of the bicriteria routing

model [18] with respect to certain network performance

measures by comparison of their results with the results of

the associated single objective models, one related to the

bandwidth usage and another that minimizes the number

of used links (hop count). An incremental traffic model

(where the duration of the connections is assumed unlim-

ited) will be considered in several benchmark networks used

in previous works in the area of WDM networks. The se-

lected network performance measures are: the frequency

of rejected requests (global blocking probability estimate),

total used bandwidth, mean hop count of accepted requests,

percentage of links with minimal free bandwidth, the av-

erage CPU time per request, and the percentage of non-

optimal solutions.

The paper is organized as follows. In Section 2 the model

without protection is described, together with the resolution

approach of the bicriteria model. Performance analysis of

the results obtained using several network topologies are

presented and discussed in Section 3. Finally, some con-

clusions are drawn in Section 4.

2. The Bicriteria Routing Model

2.1. Model Description

In this section we review the features of the bicriteria

routing model associated with the dynamic lightpath es-

tablishment problem with incremental traffic, in a WDM

network, proposed in [18]. The model was developed for

application in large WDM networks, with multiple wave-

lengths per fibre and multi-fibres per link. The bicriteria

routing model considers the DLE problem with incremen-

tal traffic, and a mixture of unidirectional and bidirectional

(symmetric) connections. In order to cover a wide variety

of networks, different types of nodes are considered (with

complete wavelength conversion capability, limited range

conversion or no wavelength conversion capability) in the

model. Due to the real-time nature of the intended appli-

cation, solutions should be obtained in a short time. This

requirement lead to the separation of the routing and wave-

length assignment problems, having in mind an automatic

selection of the solution (among the non-dominated solu-

tions, previously identified). The wavelength assignment

problem is solved separately, after the bicriteria routing

problem.

¯

¯

¯

Let R = {N,L,C,TN} represent the WDM network where:

• N is the set of nodes, N = {v1,v2, . . . ,vn}, n = #N.

• L is the set of directed arcs, L = {l1, l2, . . . , lm}, m =
#L.

• Set of wavelengths, Λ = {λ1,λ2, . . . ,λW}, W = #Λ.

• Set of fibres, F = { f1, f2, . . . , fk}, k = #F .

• Let li = (va,vb,oli), ōli = (oli1,oli2, . . . ,olik), va,vb ∈

N.

If oli j = (1,a j)( j = 1,2, . . . ,k), then fibre f j belongs

to arc li and contains the wavelengths signalled in

a j, ā j = (a j1,a j2, . . . ,a jW ) where a ju = 0,1,2 (u =
1,2, . . . ,W ):

a ju =







0, if λu does not exist in fibre f j

1, if λu exists and is free in fibre f j

2, if λu exists but is busy in fibre f j

. (1)

¯If oli j = (0,a j) ( j = 1,2, . . . ,k), fibre f j does not be-

long to arc li.

• C is the arc capacity, C(li) = (n̄li , b̄li), with n̄li = (nli1,

nli2, . . . ,nliW ) and b̄li = (bli1,bli2, . . . ,bliW ) where nli j

is the total number of fibres in arc li with wavelength

λ j and bli j is the number of fibres where that wave-

length is free in arc li.

• TN(vi) is a table for each node vi ∈N which represents

the wavelength conversion capability of the nodes,

that is the possibility of transferring the optical signal

from one input λi to an output λ j in the node:

TN(vi) = [tuv], ∀vi ∈ N;u,v = 1,2, . . . ,W , (2)

¯

¯

where tuv = 1(0) whether (or not) λu can be converted

into λv, in node vi.

A topological path, p in R, is described by: a source node,

a destination node (vs,vt ∈ N) and the ordered sequence of

nodes and arcs in the path, p = 〈v1, l1,v2, . . . ,vi−1, li−1,vi〉,

such that the tail of arc lk is vk and the head of lk is vk+1,

for k = 1,2, . . . , i−1 (all the vi in p are different).

Besides the ordered sequence of nodes and arcs, a light-

path pλ also comprises the fibre used in each arc and the

wavelength on the fibres:

pλ = 〈l∗c , . . . , l∗d〉 = 〈(vs,vu, fi,λα), . . . ,(vx,vt , f j,λβ)〉 (3)

where fi, . . . , f j ∈ F , λα , . . . ,λβ ∈ Λ, represent fibres and

wavelengths, respectively.

Note that l∗c corresponds to lc = (vs,vu,olc) which implies

olci = (1,ai) and if aiα = 1 then aiα will change from 1 to 2

if pλ is selected.

A bidirectional lightpath pλ = (pλ
st , pλ

ts) is supported by

a bidirectional topological path p = (pst , pts), which is

a pair of symmetrical topological paths.

Firstly we will describe the bicriteria model used for cal-

culating topological paths.
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The first objective function, c1(p) is related to the band-

width usage in the links of the path p and is expressed in

the inverse of the available bandwidth in the links:

min
p∈D

{

c1(p) = ∑
l∈p

1

bT
l

}

, (4)

where D is the set of topological paths for the origin–

destination node pair and bT
l is the total available capacity

in link l, in terms of available wavelengths. This criterion

seeks to avoid already congested links, favoring a balanced

distribution of traffic throughout the network, and hence

decreasing the blocking probability and therefore increased

the expected revenue.

Note that the values of the available bandwidths bT
l to be

used in each instance of the resolution of the bi-objective

optimization problem are directly calculated from the vec-

tor b̄l in C(l):

bT
l =

W

∑
j=1

bl j, ∀l ∈ L . (5)

The second objective consists of minimizing the number of

arcs of the path, h(p), seeking to avoid bandwidth waste,

hence favouring global efficiency in the use of network re-

sources as well the reliability of optical connections (longer

paths are more prone to failure).

min
p∈D

{c2(p) = h(p)} . (6)

Note that in many cases there is no feasible solution which

optimizes the two objective functions, c1(p) and c2(p), si-

multaneously. A certain amount of conflict is therefore ex-

pected between c1 and c2, and no optimal solution (in most

cases) will exist for this problem. Therefore the candidate

solutions to the topological RWA multicriteria model are

topological paths which are non-dominated solutions to the

bi-objective problem:

(P)

{

minp∈DT
c1(p)

minp∈DT
c2(p)

. (7)

Given two paths p1 and p2, from s to t in R, path p1

dominates p2, denoted by p1D p2, if and only if ci(p1) ≤
ci(p2) (i = 1,2) and at least one of the inequalities is strict.

A path p is a non dominated solution if no other feasible

path dominates it.

The set of admissible solutions, DT , consists of all topolo-

gical paths between the source-destination node pair which

correspond to viable lightpaths pλ , that is, lightpaths with

the same arcs as p and with a free and usable wavelength

(according to TN) in every arc. The topological paths in

these conditions (elements of DT ) will be designated as

viable topological paths, for the given origin-destination

node pair. For obtaining DT firstly the free wavelengths

in each arc will have to be identified, taking into account

the wavelength conversion capabilities specified in TN , then

the set of viable paths pλ for each pair of origin-destination

nodes becomes implicitly defined.

This model was extended to bidirectional connections be-

tween nodes s and t by considering a bidirectional light-

path pλ = (pλ
st , pλ

ts) supported by a bidirectional topological

path p = (pst , pts) which is a pair of symmetrical topolog-

ical paths. In this case the set Db
T of feasible solutions to

the bicriteria model will be the set of viable bidirectional

topological paths p, i.e., characterized by the fact that both

(unidirectional) topological paths pst and pts are viable.

Therefore the bi-objective bidirectional routing optimiza-

tion problem is formulated as:

min
p∈Db

T

{

c1(p) = ∑
l∈pst

1

bT
l

+ ∑
l∈pts

1

bT
l

}

(8)

min
p∈Db

T

{c2(p) = h(p) = h(pst)+ h(pts)} (9)

We will assume the most common situation in real networks

where the two paths pst , pts are topologically symmetrical,

thence h(p) = 2h(pst). Note that this does not imply that

the wavelengths used in the two opposite directions are

necessarily symmetrical.

2.2. Resolution Approach

The first stage of the resolution approach is an exact al-

gorithm enabling the calculation of non-dominated viable

topological paths and the selection of a path according to

an automatic procedure that uses preference thresholds de-

fined in the objective function’s space and reference points

obtained from those thresholds. This algorithmic approach

will be reviewed in this subsection.

The second stage is the assignment of wavelengths (and

corresponding fibres) along the arcs of the selected path p.

For this purpose we will use the maximization of the wave-

length bottleneck bandwidth, b j(p) (λ j ∈ Λ):

max
λ j∈Λ

{

b j(p) = min
l∈p∧bl j>0

bl j

}

(p ∈ DT ) . (10)

Note that this procedure is equivalent to the choice of

the least loaded wavelength (LL) along the arcs of the

path. Moreover, if all the nodes of the network enable

full wavelength conversion, once a viable topological path

is selected, the choice of the wavelength(s) in the arcs

is irrelevant in terms of network performance. When the

nodes have no conversion capability the proposed scheme

of wavelength selection is known to give good results (see,

e.g., [3]). In any case it can be concluded from many stud-

ies that the critical factor in terms of network performance

is the selection of topological paths, the choice of wave-

length having a minor impact.

In the present model this choice of wavelength will corre-

spond to specify λ j∗ in arc l∗:

bl∗ j∗ =max
λ j∈Λ

{

b j(p) = min
l∈p∧bl j>0

bl j

}

: ∃ viable pλ
which

uses λ j∗ in l∗ ∈ p

(11)
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For bidirectional connections, once a non-dominated solu-

tion p ∈ Db
T has been selected, the wavelengths (and fibres)

to be used along pst and pts are chosen applying the same

procedure to each path. Note that the chosen wavelength(s)

in each path can be different.

The aim of the resolution procedure is to find a good com-

promise path from the set of non-dominated solutions, ac-

cording to certain criteria, previously defined. It must be

stressed that path calculation and selection have to be fully

automated, as part of a telecommunication network rout-

ing mechanism, therefore the use of an interactive decision

approach is precluded.

The candidate solutions are computed according to an ex-

tremely efficient k-shortest path algorithm, MPS [20], [22],

by using a version adapted to paths with a maximum num-

ber of arcs (length constrained k-shortest paths) as de-

scribed in [19]. The algorithm is applied to the convex

combination of the two objective functions:

f (p) = αc1(p)+ (1−α)c2(p) 0 ≤ α ≤ 1 . (12)

Note that the value of α just determines the order in which

the solutions are found, and its choice is purely instrumen-

tal, since all non-dominated solutions can be calculated.

The selection of a solution is based on the definition of

preference thresholds for both functions in the form of re-

quested and acceptable values for each of them. These

thresholds enable the specification of priority regions in

the objective function’s space, as illustrated in Fig. 1.

Fig. 1. Preference regions.

In the first step, vertex solutions pc1 and pc2 (viable topo-

logical paths) which optimise each objective function, c1(p)
and c2(p) = h(p), respectively, are computed by solving the

associated shortest path problems. This leads to the ideal

solution, O , in the objective functions’ space.

pc1 = arg min
p∈DT

c1(p) (13)

pc2 = arg min
p∈DT

{c2(p) = h(p)} (14)

The preference thresholds c1req, c2req (requested values) and

c1acc, c2acc (acceptable values) for the two metrics are given,

taking into account the discrete nature of c2(p) = h(p),
according to the following expressions:

c1m = c1(pc1) ∧ c2M = hM = c2(pc1) , (15)

c1M = c1(pc2) ∧ c2m = hm = c2(pc2) , (16)

c1acc = c1M , (17)

c2acc = hM , (18)

c1req =
c1m + c1M

2
, (19)

c2req =

⌊

hm + hM

2

⌋

. (20)

Priority regions are defined in the objective functions’

space according to Fig. 1, in which non-dominated so-

lutions are searched for. Region A (Fig. 1) is the first

priority region where the requested values for the two func-

tions are satisfied simultaneously. In the second priority

regions, B1 and B2, only one of the requested value is sat-

isfied while the acceptable value for the other function is

also guaranteed. Concerning these two regions we will give

preference to solutions with less arcs, that is, preference is

given to solutions in B1 over solutions in B2. In region C

only the acceptable values, c1acc and c2acc, are satisfied and

it is the last priority region to be searched for.

Finally it will be necessary to select a solution among

the non-dominated solutions in the highest priority region,

with at least one non-dominated solution, S∈{A,B1,B2,C}.

This implies that if no such solutions were found in A, then

non-dominated solutions in B1, B2, C, in this order would

be searched for.

Concerning the selection of a solution when there is more

than one non-dominated solution in a given region S, the

used method for ordering such solutions is a reference

point type approach that considers that the ‘form’ of the

region where solutions are located “reflects’ in some man-

ner the user’s preferences. At this step a reference point

based procedure of the type proposed in [23] is used,

by considering as reference point the ‘left bottom corner’

of region S. This point coincides with the ideal optimum

if S = A.

Reference type approaches minimize the distance of the so-

lutions to a specific point by using a certain metric, recur-

ring to a scalarizing function [21]. In the present context

a weighted Chebyshev metric proportional to the size of

the “rectangle” S (see Fig. 2) is used. Therefore, one will

select the solution p∗:

p∗ = arg min
p∈Sc

N

max
i=1,2

{wi|ci(p)− ci|} , (21)

where Sc
N is the set of non-dominated paths which cor-

respond to points in S and (c1,c2) is the considered
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reference point which corresponds to the ‘left bottom cor-

ner’ of region S. The weights wi of the metrics are chosen

in order to obtain a metric with dimension free values:

wi =
1

c̄i − ci

, (22)

where (c̄1, c̄2) is the ‘right top corner’ of S, so that ci ≤

ci(p) ≤ c̄i (i = 1,2) for all p such that (c1(p),c2(p)) ∈ S.

An illustrative example is in Fig. 2, where the number as-

signed to each bullet is the computation order of the corre-

sponding solution (according to Eq. (12)), and solution (2)

would be the one to be selected, since it has the shortest

distance to the reference point.

Details of this selection procedure can be seen in [18], [23].

Fig. 2. Choosing the final solution.

In this resolution method, we combine a weighted sum pro-

cedure to obtain candidate solutions with a reference-point

based method to select a solution in a higher priority re-

gion. In this form we sought to make the most of the very

great efficiency of the used shortest path ranking procedure,

based on the MPS algorithm [22] and of the inherent supe-

riority of the use of a reference point-based procedure, as

a solution selection method. Furthermore, note that in the

present context, the computational efficiency is a very im-

portant aspect taking into account the automated nature of

the routing mechanism, which requires a solution in a very

short time period. This factor becomes more critical in

networks of higher dimension.

The final step of the resolution method is the choice of

wavelengths along the arcs of the selected path. This steps

follows the procedure described in Subsection 2.2 which

is based on the maximization of the wavelength bottleneck

bandwidth.

The described resolution method can be applied straight-

forwardly to the calculation and selection of bidirectional

lightpaths, considering the necessary adaptations to the ob-

jective functions, specified in Eqs. (8) and (9).

3. Performance Analysis of the Model

Extensive simulations with the model were made on sev-

eral typical WDM networks found in literature. This

section presents the simulation results for five such net-

Fig. 3. NSFNET network (14 nodes and 21 links) [24].

works, namely, the NSFNET [24] (see Fig. 3), the Pan-

European network COST 266BT [24], [25] (Fig. 4),

the denser version of this network [25] – COST 266TT

network (see Fig. 5), a typical core network presented

in [26] – KL network (Fig. 6), and a typical network

provider network presented in [27] – ISP network (Fig. 7).

Table 1 summarizes the main characteristics of these

networks. All the networks were dimensioned for about

one thousand bidirectional lightpaths (1084 for NSFNET,

1008 for both COST 266BT and Cost 266TT, 1050 for

KL network, and 918 for ISP network) and each fibre has

16 wavelengths.

Fig. 4. COST 266BT Pan-European network (28 nodes and

41 links) [24], [25].

Concerning the wavelength conversion aspect, simulations

were conducted considering two different scenarios: all

nodes without conversion capability and five nodes with

total conversion capability (central nodes were chosen with

this capability).
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Fig. 5. COST 266TT network (28 nodes and 61 links) [25].

Fig. 6. KL network (15 nodes and 28 links) [26].

Fig. 7. ISP network (18 nodes and 30 links) [27].

Table 1

Networks characteristics

Network
Number of Nodal

nodes links degree

NSFNET [24] 14 21 3.00

COST266BT [24, 25] 28 41 2.93

COST266TT [25] 28 61 4.36

KL [26] 15 28 3.73

ISP [27] 18 30 3.33

Simulations considered 1200 connection requests (incre-

mental traffic) in two different cases: with 100% bidirec-

tional requests and with 5% unidirectional requests (be-

cause most of the connection requests for lightpaths are

bidirectional).

Simulation results showed that the performance of the net-

works where five nodes have total conversion capability is

nearly the same as for the networks without conversion.

Therefore, from now on, we only present the “no conver-

sion” scenario. Discussion and conclusions remain true for

the second scenario.

For performance assessment purposes, results obtained us-

ing the bicriteria (BiC) model will be compared with the

corresponding results using the single objective formula-

tions, namely, the first objective function related with the

bandwidth usage (SP c1), and the shortest path concerning

hop count (SP c2). Several relevant network performance

measures will be used in this comparison.

Fig. 8. Global blocking – NSFNET network.

Figure 8 shows the global blocking probability in the

NSFNET network, for 100% bidirectional requests. As we

can see, the bicriteria approach leads to a blocking proba-

bility lower than that in the single objective formulations.

The difference is significantly higher with the shortest path

approach SP c2. Also note that until 1000 requests both

BiC and SP c1 do not exhibit any blocking. The SP c2

model rejects requests much earlier, and this clearly con-

firms that choosing the shortest path based only on the hop

count is a poor strategy.

In Fig. 9, the number of accepted requests is shown to-

gether with the used bandwidth (BW). When the num-

ber of requests is high, the used bandwidth exceeds 95%,

but this corresponds to approximately 1100 accepted re-

quests in BiC, a value that surpasses the number of con-

nections for which the network was dimensioned (1084 for

the NSFNET).

Although the BiC model uses more bandwidth than the

SP c2, it should be noted that BiC supports a signifi-

cantly higher number of connections. In fact, as it can be

seen in Fig. 10, BiC allows a lower average number of

hops per connection. Another interesting conclusion that

emerges from the analysis of Fig. 9 is that the BiC, while
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Fig. 9. Accepted requests versus used bandwidth – NSFNET

network.

Fig. 10. Mean hop count – NSFNET network.

Fig. 11. Accepted requests versus used bandwidth – COST

266BT network.

accepting more requests than SP c1, when traffic load is

high, always uses less bandwidth, which shows its superior

performance.

Although not shown here, the results obtained when 5%

of the requests were unidirectional are rather similar to the

ones with 100% bidirectional connections.

Fig. 12. Accepted requests versus used bandwidth – COST

266TT network.

Fig. 13. Accepted requests versus used bandwidth – KL network.

Fig. 14. Accepted requests versus used bandwidth – ISP network.

The results in the other networks exhibit the same be-

havior. In the COST 266BT network, BiC also has

lower blocking than SP c1 and SP c2 (more accepted re-

quests) but always uses an amount of bandwidth smaller

than SP c1 (see Fig. 11). For moderated traffic loads (un-

til 950 connection requests), BiC even uses less bandwidth
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Fig. 15. Arcs with less than 10% of free bandwidth – COST

266TT network

Fig. 16. Mean hop count – COST 266BT network.

Fig. 17. Mean hop count – KL network.

than SP c2, despite allowing the establishment of many

more lightpaths.

In Figs. 12, 13, and 14 the same performance measures

are shown for COST 266TT, KL, and ISP networks, re-

spectively. The superior performance of the BiC model is

consistent in all tested networks.

Fig. 18. Computation time for each request – NSFNET network.

Fig. 19. Computation time for each request – COST 266BT

network.

Fig. 20. Computation time for each request – COST 266TT

network.

It is also interesting to analyze the ability of the differ-

ent approaches to distribute traffic over the network. Fig-

ure 15 plots the number of links in the COST 266TT net-

work with less than 10% of free bandwidth. BiC leads to

a lower number of links with less than 10% free band-

width than SP c1 and SP c2. Knowing that the number
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of accepted request is also higher, we can conclude that

BiC has a performance significantly better than the sin-

gle objective counterparts. The same behavior was ob-

served in the remaining simulated networks (although not

shown here).

Another interesting network performance measure is the

average number of hops per established lightpath. As it

can be seen in Figs. 10, 16, and 17 (for NSFNET, COST

266BT and KL networks, respectively), BiC uses in aver-

age a smaller number of links in all ranges of traffic loads.

This happens because it takes advantage of the character-

istics of the two metrics. For light traffic, the BiC model

chooses shorter connections and, in fact, achieves paths

as short as SP c2. But, unlike SP c2, BiC is concerned

with the load already present in the network links. On the

other hand, SP c1 does not take into account the hop count,

leading to longer paths, even when the network is nearly

“empty”. As the traffic load increases, the worst choice

of the initial paths in SP c2 leads to bottlenecks in some

links. This results in the selection of longer paths, and in

higher blocking probability. Above approximately 800 re-

quests, the average number of hops per lightpath in SP c2 is

even greater than in SP c1 – the traffic distribution is more

effective in this model. Also note that when the number of

connection requests exceeds approximately 1000, the mean

hop count decreases in the three approaches. With this traf-

fic load the network is already congested and node pairs

topologically distant are experiencing greater difficulties in

establishing a successful connection. So only some “short”

connection requests obtain a service, lowering the mean

hop count.

Regarding CPU time, the BiC approach requires more CPU,

as would be expected, but CPU times are still very low,

not exceeding 0.25 ms in NSFNET, 0.45 ms in COST

266BT, 0.3 ms in KL network, and 0.35 ms in ISP net-

work. In the COST 266TT network CPU time remains

under 0.6 ms until 950 connection requests. Figures 18,

19, and 20 show the CPU time per connection request

for NSFNET, COST 266BT and COST 266TT networks,

respectively. The CPU times remain stable as the traffic

load grows in the NSFNET, ISP, KL and COST 266BT

networks. In COST 266TT network (see Fig. 20), above

950 connection requests CPU time for BiC and SP c1

approaches increases considerably, and can be as high

as 40 ms. This effect occurs when the traffic load is very

high and coincides with the starting of visible blocking in

the network. Note that this substantial increase in CPU time

is even larger in SP c1.

In order to assess the degree of conflict between the two

objective functions used in BiC approach, the number

of requests without an optimal solution was calculated.

Figures 21 and 22 show the percentage of non-dominated

non-optimal solutions in COST 266BT and COST 266TT

networks. Although the number of non-dominated solu-

tions is relatively low this does not compromise the inter-

est in using a bicriteria model. In fact many of the ideal

solutions of the bicriteria model might possibly have not

Fig. 21. Non-dominated non-optimal solutions – COST 266BT

network.

Fig. 22. Non-dominated non-optimal solutions – COST 266TT

network.

been found by the single objective models because they

correspond to alternative optimal solutions in one of the

objective functions.

4. Conclusions

The routing and wavelength assignment problem in WDM

networks, as seen from a full traffic engineering perspec-

tive, involves multiple metrics, to be optimized, and spe-

cific constraints. Therefore multicriteria approaches like

the one described in this paper enable to explicitly rep-

resent the various performance objectives and to address,

in a consistent manner, the trade offs among the various

criteria.

A bicriteria model for obtaining a topological path (unidi-

rectional or symmetric bidirectional) for each lightpath re-

quest in a WDM network was reviewed. The model consid-

ers two criteria – the first one takes into account the band-

width usage in the links of the network and the second one

the number of links of the path. The automated resolution

approach uses a k-shortest path algorithm, as well as pref-

erence thresholds defined in the objective function’s space,
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combined with a Chebyshev distance to a reference point

(which changes with the analyzed preference region). Hav-

ing obtained a non-dominated topological path, a heuristic

procedure was then used to assign wavelengths to the links.

The performance of this bicriteria model was analyzed us-

ing several benchmark networks, and considering a compar-

ison with the results of the two single criterion approaches

corresponding to each of the criteria used in the BiC model.

Clearly, the BiC approach resulted in lower global blocking

than the single criterion models SP c1 and SP c2. This is

due to an initial better choices of paths and a more balanced

distribution of traffic load. At moderate load, although BiC

approach accepts more requests, BiC uses less bandwidth

than SP c1; SP c2 uses less bandwidth than the BiC but

it leads to a significant lower number of successful con-

nections.

The impact of having five nodes with wavelength con-

version capability was negligible in the simulated situa-

tions.

Although the BiC approach uses more CPU time per request

its performance was nevertheless quite good – below 0.5 ms

except in the denser network (COST 266TT).

In a following paper we will address the network per-

formance analysis issues of an extension of the bicriteria

model that provides dedicated path protection, in the event

of failures. This is an issue of great importance having

in mind the great amount of traffic carried in these opti-

cal networks. To provide the necessary network resiliency,

while preserving the multicriteria nature of the developed

model, this extension (see [28]) enables to obtain a topolog-

ical pair of node disjoint paths for each connection request.

The developed performance analysis study will consider the

same type of experimentation and performance measures as

in this paper and will present interesting conclusions con-

cerning the potentialities (put in evidence in this paper)

and limitations of the use of multicriteria approaches in

this context.
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Computational Methods

for Two-Level 0-1 Programming Problems

through Distributed Genetic Algorithms
Keiichi Niwa, Tomohiro Hayashida, and Masatoshi Sakawa

Abstract—In this paper, we consider a two-level 0-1 program-

ming problem in which there is not coordination between the

decision maker (DM) at the upper level and the decision maker

at the lower level. We propose a revised computational method

that solves problems related to computational methods for ob-

taining the Stackelberg solution. Specifically, in order to im-

prove the computational accuracy of approximate Stakelberg

solutions and shorten the computational time of a computa-

tional method implementing a genetic algorithm (GA) pro-

posed by the authors, a distributed genetic algorithm is intro-

duced with respect to the upper level GA, which handles de-

cision variables for the upper level DM. Parallelization of the

lower level GA is also performed along with parallelization of

the upper level GA. The proposed algorithm is also improved

in order to eliminate unnecessary computation during oper-

ation of the lower level GA, which handles decision variables

for the lower level DM. In order to verify the effectiveness of

the proposed method, we propose comparisons with existing

methods by performing numerical experiments to verify both

the accuracy of the solution and the time required for the

computation.

Keywords—distributed genetic algorithm, Stackelberg solution,

two-level 0-1 programming problem.

1. Introduction

In the real world, we can often encounter situations that

there are multiple decision makers (DMs) in hierarchically

structured organizations, and decisions may be taken se-

rially or simultaneously in order to optimize each of the

objectives. This kind of problem has been formulated as

a two-level programming problem [1]. In two-level pro-

gramming problems, the upper level DM makes his/her

decision first, and then, with full knowledge of the deci-

sion of the upper level DM, the lower level DM makes

his/her decision in order to optimize his/her own objec-

tive function. According to this rule, the upper level DM

also makes a decision so as to optimize the objective func-

tion of self. The solution defined as the above mentioned

procedure is a Stackelberg solution. In this paper, both

the upper level and the lower level have one DM, and the

problem is treated as a two-level 0-1 programming problem

in which both DMs treat all of their decision variables as

0-1 variables.

As an overview of research dealing with two-level program-

ming problems that include discrete variables, Bard et al.

presented an algorithm based on the branch-and-bound

approach in order to derive the Stackelberg solution for

two-level 0-1 programming problems [2] and two-level

mixed integer programming problems [3]. Wen et al. [4]

have presented a computation method for obtaining the

Stackelberg solution to two-level programming problems

which have 0-1 variables for the decision variables in the

upper level and real variables for the decision variables in

the lower level.

On the other hand, the adaptive process of systems in the

natural world has been explained, and genetic algorithms

(GAs) which imitate the evolution occurring in living or-

ganisms have been receiving attention at international con-

ferences related to GAs, publications by Goldberg [5], as

have methodologies for optimization, adaptation and learn-

ing. GAs have also been adopted for a variety of combi-

natorial optimization problems, and their effectiveness has

been reported [6].

An example of research related to two-level programming

problems using GAs is given by Anandalingam, et al. [7]

which presents a method for deriving a Stackelberg so-

lution for two-level linear programming problems. Also,

Nishizaki, et al. presented an algorithm based on GAs in

order to derive the Stackelberg solution for two-level inte-

ger programming problems [8] and two-level mixed integer

programming problems [9]. In order to derive a Stack-

elberg solution for 0-1 programming problems related to

two-level decentralized systems, the authors [10] have also

proposed a computational method that adopts the double

string proposed by Sakawa, et al as the individual repre-

sentation. In order to improve the computational accuracy

of approximate Stakelberg solutions, the authors have pro-

posed computational methods that implement sharing [11]

and cluster analysis [12] methods. Furthermore, the au-

thors have proposed a computational method using parallel

genetic algorithm [13]. Use of these methods allows for the

derivation of approximate Stackelberg solutions with rela-

tively high precision and in a relatively short time, but there

is still room for improvement, particularly with regards to

calculation times.

Therefore, this paper focuses on two-level 0-1 program-

ming problems, and proposes an improved computational

method that addresses problems related to the computa-

tional method proposed by the authors for deriving the

Stackelberg solution. Specifically, a distributed genetic al-

gorithm is introduced with respect to the upper level GA,

which handles decision variables for the upper level DM,

in order to improve the computational accuracy of approxi-

56



Computational Methods for Two-Level 0-1 Programming Problems through Distributed Genetic Algorithms

mate Stackelberg solutions and decrease the computational

time of a computational method implementing a genetic

algorithm proposed by the authors. Also, parallelization

of the lower level GA is performed along with paralleliza-

tion of the upper level GA. The proposed algorithm is also

improved in order to eliminate unnecessary computation

during operation of the lower level GA, which handles de-

cision variables for the lower level DM. In order to verify

the effectiveness of the proposed method, we propose com-

parisons with the existing method and the computational

method using parallel GA by performing numerical exper-

iments to verify both the accuracy of the solution and the

time required for the computation.

2. Two-Level 0-1 Programming Problem

For the sake of brevity, we denote the upper and lower level

DMs by DM1 and DM2, respectively. The two-level 0-1

programming problem is expressed as

maximize
x

z1(x,y) = c1x + d1y

where y solves

maximize
y

z2(x,y) = c2x + d2y

subject to Ax + By ≦ b

x ∈ {0,1}n1
,y ∈ {0,1}n2

,



























(1)

where x = (x1, . . . ,xn1
)T , and y = (y1, . . . ,yn2

)T are the vec-

tors of decision variables for DM1 and DM2; z1(x,y), and

z2(x,y) respectively represent the objective functions of

DM1 and DM2; c1 = (c11, . . . ,c1n1
), d1 = (d11, . . . ,d1n2

),
c2 = (c21, . . . ,c2n1

), and d2 = (d21, . . . ,d2n2
) denote the co-

efficient vectors of the objective functions; A and B are

m× n1 and m× n2 coefficient matrices in the constraints,

respectively; b = (b1, . . . ,bm)T is a coefficient vector of the

right hand side of the constraints; the superscript T means

transposition of a vector.

For the sake of simplicity, in this paper, it is assumed that

each component of A, B, b, c1, c2, d1, and d2 is positive.

It is possible to express the process for choosing the Stack-

elberg solution for a two-level 0-1 programming problem

in the following manner. Each decision maker completely

knows objective functions and constraints of the opponent

and self, and DM1 first makes a decision and then DM2

makes a decision in order to maximize the objective func-

tion with full knowledge of the decision of DM1. That

is to say, when the decision by DM1 is denoted x̂, DM2

solves the 0-1 programming problem (2) with parameters x̂,

choosing the optimal solution y(x̂) as the rational reaction

to x̂.

maximize
y

z2(x̂,y) = d2y + c2x̂

subject to By ≦ b−Ax̂

y ∈ {0,1}n2











(2)

Under this premise, DM1 also determines x by choosing

the value which maximizes its own objective function. For

problems which adopt the Stackelberg solution to concep-

tualize their solution, it is assumed that there is no consen-

sus among DMs that might mutually constrain decisions.

Putting it another way, their relationship may be described

as non-cooperative.

3. GA Based Computational Method

We propose a computational method through GA in order

to obtain Stackelberg solutions to the two-level 0-1 pro-

gramming problems. In Subsections 3.1, 3.2 and 3.3, first,

we describe fundamental elements of GA, which are cod-

ing procedure, a decoding procedure and genetic operators,

used in the computational method using GA [10]. In this

paper, we call the computational method using GA [10]

normal GA (NGA). Furthermore, we show additional el-

ements used in the proposed computational method using

distributed genetic algorithm and the computational method

using parallel genetic algorithm [13] in Subsections 3.4

and 3.5. Finally, the algorithm used in the proposed com-

putational method using distributed genetic algorithm is de-

scribed in Subsection 3.6.

3.1. Coding and decoding

When solving 0-1 programming problems using GAs,

binary strings are usually adopted to express individu-

als [5], [14]. However, under this representation it is pos-

sible that infeasible individuals that do not satisfy the con-

straints may be generated, so there is a danger that the

performance of the GAs may degrade. Thus, in this pa-

per, a double string [6] is used which is composed of the

substring corresponding to the decision of DM1, x, and

the substring corresponding to the decision of DM2, y, as

shown in Fig.1 in order to derive only feasible solutions.

The decisions of DM1 and DM2 are handled by performing

genetic operators on each sub-individual. We call the GA

operating to the decision x of DM1 the upper level GA,

and the GA operating to the decision y of DM2 the lower

level GA.

← Individual for x → ← Individual for y →

ix(1) · · · ix(n1) iy(1) · · · iy(n2)

Six(1) · · · Six(n1) Siy(1) · · · Siy(n2)

Fig. 1. Double string.

In Fig. 1 six(m) ∈ {0,1}, ix(m) ∈ {1, . . . ,n1}, and for m 6= m
′

it is assumed that ix(m) 6= ix(m
′

). Similarly, siy(m) ∈

{0,1}, iy(m) ∈ {1, . . . ,n2}, and for m 6= m
′

it is assumed

that iy(m) 6= iy(m
′

). Also, in the double string, ix(m), iy(m)
and six(m), siy(m) express indexes of the elements of each

solution vector respectively, and their values.
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In order to generate only feasible solutions, a decoding

algorithm proposed by the authors [10] is also applied to

the upper level and the lower level GA.

3.2. Reproduction

We describe the reproduction operator of the lower

level GA. Substituting the given value x of the decision

variable in the upper level GA and the value of y obtained

by decoding individuals in the lower level GA into the ob-

jective function of DM2, z2(x,y), the value of the eval-

uation function for each individual is obtained. Next, the

fitness value for each individual is derived using linear scal-

ing, and the individuals remaining in the next generation

are determined by applying elitist expected value selection.

We describe the reproduction operator of the upper

level GA. Substituting the value of x obtained by decoding

individual in the upper level GA and the value of the ratio-

nal reaction y(x) obtained by applying the lower level GA

into the objective function of DM1, z1(x,y(x)), the value

of the evaluation function for each individual is obtained.

Next, the fitness value for each individual is calculated by

applying linear scaling and adopting a clustering method.

The individuals remaining in the next generation are deter-

mined by applying elitist expected value selection based on

these fitness values.

3.3. Crossover and Mutation

For double strings, if single-point or multi-point crossover

operators are performed then there is a possibility that in-

feasible individuals may be generated because the indexes

occurring in the offspring, ix(m), ix(m
′

), m 6= m
′

or iy(m),

iy(m
′

), m 6= m
′

, may have the same number. When solv-

ing the traveling salesman problem or the scheduling prob-

lem through GAs, this kind of violation occurs. In order

to circumvent such violation, partially matched crossovers

(PMX) have been devised. In this paper, a modified ver-

sion of PMX is used in order to handle the double strings

proposed by Sakawa et al. [6]. Also, when determining

whether or not to apply the crossover operator, a probabil-

ity pc is used. Its value is set in advance.

PMX procedure

Step 1: For two individuals expressed using double strings,

s1 and s2, two crossover points are set at random.

Step 2: According to PMX, the upper strings of s1 and

s2, along with the corresponding lower strings are

reordered, generating s
′

1
and s

′

2
.

Step 3: For double strings, the offsprings, s
′′

1
and s

′′

2
, result-

ing from the application of the revised PMX are

obtained by exchanging the lower strings between

the two crossover points s
′

1
and s

′

2
.

It is well recognized that the mutation operator plays a role

of local random search in genetic algorithms. In this paper,

the mutation operator is applied to each string, and inver-

sion is used for index strings. For binary strings, mutation

of bit-reverse type is adopted. When applying the mutation

operator to individuals, it is first determined whether or

not the mutation operator will be applied to an individual

according to the mutation probability pm. In the case that

mutation is applied, it is then determined whether to apply

inversion or bit-reverse according to the mutation selection

constant MPum.

Mutation procedure

Step 1: For an individual s, expressed using a double

string, a random number rm is generated. If

rm ≦ MPum, a point on the 0-1 string is chosen at

random and bit-reverse is performed, yielding s
′

1
.

Otherwise, Step 2 is adopted.

Step 2: Two points on the index string are chosen at ran-

dom, and inversion is applied to the substring be-

tween the two points, yielding s
′

2
.

3.4. Application of the parallel genetic algorithm

In genetic algorithms, it is possible to perform parallel pro-

cessing in the greater part of the operations included in the

algorithm. In reproduction operations, however, because it

is necessary to calculate evaluation values for each individ-

ual in a population, and based on that value determine the

fitness of each individual, direct application of parallel pro-

cessing is difficult. Research related to the parallelization

of GAs started with improvements to such barriers to the

implementation of parallelization, and a variety of types of

models have been proposed and their effectiveness noted by

numerous researchers [15], [16], [17]. Today, GAs that im-

plement parallel processing have come to be called parallel

genetic algorithms.

The computational method proposed by the authors [13]

divides the lower level GA operations and assigns them

across multiple processors. Also, the computational method

adopts the single-population master-slave GAs as the up-

per level GA. By assigning the calculation of individual

fitness values, crossover operator and mutation operator

to multiple processors, calculation times are reduced. We

call the computational method proposed by the authors the

computational method using parallel GA (PGA). However,

while the computational method using parallel GA suc-

ceeds in obtaining good approximate solutions and reduc-

ing the amount of computational time, there is still likely

much more room for improvement. In this study, there-

fore, we aim for further improvements of the precision of

approximate solutions and further reductions in computa-

tional time, and consider parallelization of the upper level

GA and the lower level GA implemented by the computa-

tional method using parallel GA.

The multiple-population genetic algorithms performs paral-

lel processing by dividing the population and assigning the

partial populations (sub-populations) to multiple proces-

sors. If we adopt this model as our computational method,
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it is possible to use the computational method using GA

proposed by authors [12] without a lot of modifications.

In that case, the multiple-population genetic algorithm is

adopted as the upper level GA. The upper level GA opera-

tions proposed by authors are applied for partial population

assigned to each processor. Additionally, migration oper-

ator is performed in every migration interval. Also, it is

able to divide the lower level GA operations and assign

them across multiple processor in the same way as PGA.

In this paper, we employ a multiple-population genetic al-

gorithms (distributed genetic algorithms) so as to obtain

good approximate Stackelberg solutions and reduce calcu-

lation times. We call the proposed computational method

using distributed GA (DGA).

3.5. Lower Level GA Avoidance Procedures

In this paper we introduce a storage region as shown

in Fig. 2.

Fig. 2. Storage for saving x and y(x).

Here, xi
, i = 1, . . . ,x max indicate those values of x that

were used in the past for handling individuals of the upper

level GA, and yi(xi), i = 1, . . . ,x max indicate the values

of the rational reactions associated with xi obtained by the

lower level GA. xi
counter ∈ {1,2, . . . ,y max}, i = 1, . . . ,x max

indicate the number of times that the lower level GA was

used to find the rational reaction yi(xi) for xi. x max in-

dicates the maximum number of DM1 decisions x saved,

and y max indicates the maximum number of times that

the lower level GA can be repeatedly used to find the ra-

tional reaction yi(xi) for xi. z1(x
i
,yi(xi)) and z2(x

i
,yi(xi))

are stored xi
,yi(xi) values used in place of DM1 and DM2

objective functions. By using the following algorithm, the

number of applications of the lower level GA is reduced,

and unnecessary calculation times eliminated.

Storage of the rational reaction y(x) and lower

level GA avoidance procedures

Step 1: If there exists in xi an upper level GA individ-

ual x̄, proceed to Step 2. If one does not exist,

then check if the number of xi has reached x max,

and if so continue on to Step 3. If not, proceed to

Step 4.

Step 2: If xi
counter has reached y max, then the saved yi(xi)

is returned to the upper level GA as the rational re-

action and the algorithm terminates. If not reached,

proceed to Step 4.

Step 3: Select the least of the values z1(x
i
,yi(xi)) from

the saved xi, and take that xi value as xk. After

applying the lower level GA and thus obtaining

the rational reaction y(x̄) for x̄, if z1(x
k
,yk(xk))≤

z1(x̄,y(x̄)), save x̄, y(x̄), z1(x̄,y(x̄)), z2(x̄,y(x̄))
in the storage region xk, and terminate the algo-

rithm.

Step 4: After obtaining the rational reaction y(x̄) for x̄

by applying the lower level GA, save x̄, y(x̄),
z1(x̄,y(x̄)), z2(x̄,y(x̄)), and terminate the algo-

rithm.

Implementation of the algorithm described above improved

upon previous methods.

3.6. The Algorithm for the Improved Computational

Method

The algorithm used in the computational method after im-

provement can be described as follows, Np denotes the num-

ber of processors.

Step 1: For each processor q,q = 1, . . . ,Np, apply the up-

per level GA operations on Step1 through Step 7.

Taking the generation of the upper level GA as

tuq := 0, Nu initial individuals are randomly

generated.

Step 2: For each individual x in the upper level GA,

determine whether or not to apply the lower

level GA, and find the number of lower level GA

to apply, Nul . For those individuals Nul , apply

the lower level GA operations in Step 2-1 through

Step 2-3, and obtain the rational reaction y(x). For

those Nu−Nul individuals to which the lower level

GA will not be applied, take the saved y(x) as the

rational reaction, and proceed to Step 4.

Step 2-1: Set tl := 0. Randomly generate Nl lower

level GA individuals y, and take these as

the initial population of the lower level

GA . Proceed to Step 2-2.

Step 2-2: By using x given as the upper level GA

individual and y generated by the lower

level GA, the DM2 objective function

value is calculated. After applying lin-

ear scaling to the value, the repro-

duction operator is applied. Proceed to

Step 2-3.

Step 2-3: If tl has exceeded the previously defined

a maximum number of generation Ml ,

take the individual with the best fitness

value as the optimal individual y(x), and

proceed to Step 3. Otherwise, apply

crossover operator and mutation opera-

tor to each lower level GA individual,

let tl = tl + 1, and proceed to Step 2-2.
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Step 3: By using the lower level rational reaction y(x) ob-

tained by operation of the lower level GA and the

individual x of the upper level GA, calculate the

values for the DM1 and DM2 objective functions.

Perform the procedures required to save x and its

rational reactions y(x) to the storage region, and

proceed to Step 4.

Step 4: Calculate the DM1 objective function for each up-

per level GA individual x, and after performing

linear scaling, apply the clustering method to mea-

sure the level of convergence of the individuals.

Depending upon the degree of convergence, calcu-

late the fitness value of each individual. Proceed

to Step 5.

Step 5: If tuq has exceeded the previously set a maximum

number of generation Mu, then terminate the algo-

rithm. In that case, the individual obtained up to

that generation with the best fitness value is taken

as the optimal individual (x,y). Otherwise, pro-

ceed to Step 6.

Step 6: Reproduction operator is performed using the fit-

ness values of each individual of the upper level

GA. Apply crossover operator and mutation opera-

tor to each upper level GA individual, and proceed

to Step 7.

Step 7: If tuq mod mi (migration interval) = 0, after

performing synchronization between the proces-

sors, apply migration. Return to Step 2 with

tuq := tuq + 1.

4. Numerical Experiments

Numerical experiments are carried out in order to demon-

strate the feasibility and the effectiveness of DGA. We apply

DGA, PGA, and NGA to twelve types of two-level 0-1 pro-

gramming problems as shown in Table 1. Each problem

has five constraints.

Table 1

Problems used in the numerical experiments

Problem
DM1 DM2 Constraint

variables variables strength

I (50%)

A 15 15 II (70%)

III (90%)

I (50%)

B 20 20 II (70%)

III (90%)

I (50%)

C 25 25 II (70%)

III (90%)

I (50%)

D 30 30 II (70%)

III (90%)

In this case, the elements A, B, c1, c2, d1, and d2 of the

two-level 0-1 programming problem are selected at random

from the closed interval [10,99], and the bi element of b is

set according to the equation

bi = ri

n1

∑
j=1

ai j +
n2

∑
k=1

bik

)

, i = 1, . . . ,m. (3)

Furthermore, ai j represents the i j element of matrix A, and

bik represents the ik element of matrix B. Here, ri repre-

sents the strength of the constraint. In the strong constraint

problem (I), a random number is determined at random

from the closed interval [0.45,0.55], in the middle con-

straint problem (II), a random number is selected at ran-

dom from the closed interval [0.65,0.75], and in the weak

constraint problem (III), a random number is determined at

random from the closed interval [0.85,0.95], respectively.

The decimal portion of the bi value is rounded off, and the

result is stored as an integer value.

Next, the GA parameters are set for NGA, PGA, and DGA

as follows. First, there are parameters that are used in com-

mon by all three methods, namely the population sizes of

the upper level GA and the lower level GA, the crossover

rate, the mutation rate, and the maximum number of gen-

eration, and those values are set as 120 for the population

size, 0.9 for the crossover rate, 0.02 for the mutation rate,

and 300 for the maximum number of generation. Next, for

PGA and DGA, α is set to 0.25. The initial number of

clusters, k, is set to 5, and dmax and dmin, used to measure

the distance between individuals, are set to 2.5 and 1.0,

respectively. In addition to these parameters, x max and

y max are set to 100 and 5, respectively. The number of

processors is set to 3. Finally, for DGA, we apply the ran-

dom ring model to the communication topology and adopt

Best-Hole model as the selection of emigrants and immi-

grants. The number of migration interval mi is set to 15.

The migration rate is set to 2.5%.

Fig. 3. Comparison of calculation times (the strong constraint

problem (I)).
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Table 2

Comparison of solution precisions

Problem
Constraint DGA PGA

strength best worst average variance best worst average variance

I 1078 1078 1078.0 0.00 1078 1078 1078.0 0.00

A II 1377 1377 1377.0 0.00 1377 1377 1377.0 0.00

III 1727 1727 1727.0 0.00 1727 1727 1727.0 0.00

I 1342 1342 1342.0 0.00 1342 1342 1342.0 0.00

B II 1764 1764 1764.0 0.00 1764 1764 1764.0 0.00

III 2157 2157 2157.0 0.00 2157 2157 2157.0 0.00

I 1713 1713 1713.0 0.00 1713 1713 1713.0 0.00

C II 2221 2207 2214.6 43.84 2221 2207 2215.7 20.81

III 2680 2680 2680.0 0.00 2680 2680 2680.0 0.00

I 1864 1857 1859.8 11.76 1864 1851 1856.8 12.36

D II 2480 2444 2469.6 253.44 2480 2439 2449.7 233.01

III 2930 2930 2930.0 0.00 2930 2930 2930.0 0.00

Problem
Constraint NGA

Enumeration
strength best worst average variance

I 1078 1068 1077.0 9.00 1078

A II 1377 1377 1377.0 0.00 1377

III 1727 1727 1727.0 0.00 1727

I 1342 1328 1340.4 17.24 -

B II 1764 1754 1763.0 9.00 -

III 2157 2157 2157.0 0.00 -

I 1713 1713 1713.0 0.00 -

C II 2221 2207 2210.7 23.81 -

III 2680 2672 2678.5 9.05 -

I 1864 1849 1856.9 11.29 -

D II 2480 2444 2470.0 80.80 -

III 2930 2915 2927.0 20.00 -

Fig. 4. Comparison of calculation times (the middle constraint

problem (II)).

Next we will describe the experimental environment. The

experiment is run on a personal computer with a 2.80 GHz

CPU and running Windows XP. The compiler used is Mi-

crosoft Visual C++ 6.0.

Fig. 5. Comparison of calculation times (the weak constraint

problem (III)).

For each problem, NGA, PGA, and DGA are run ten times

each. The results are given in Table 2 through Table 5.

In Table 2, for all trials of Problem A, DGA, PGA, and

NGA derive precise Stackelberg solutions. But, for the re-
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Table 3

Comparison of calculation times

Problem
Constraint DGA PGA
strength best worst average variance best worst average variance

I 220.78 351.25 269.82 1138.83 213.64 434.43 319.70 3611.94

A II 247.30 320.80 275.36 482.07 108.05 166.72 128.41 316.94

III 215.46 281.27 253.94 427.14 62.20 99.46 82.38 191.60

I 394.09 801.84 599.33 12700.54 599.11 856.95 770.43 4550.59

B II 464.08 772.94 610.84 7149.91 419.83 569.50 504.90 2619.66

III 345.83 633.73 473.91 5558.42 248.95 360.14 293.30 1186.14

I 975.14 1326.10 1149.18 10536.46 1728.47 1913.19 1824.04 4479.17

C II 1092.68 1569.18 1337.10 25015.18 1067.88 1199.30 1116.03 1888.83

III 772.44 1191.86 965.45 16951.74 537.94 665.39 605.52 1484.93

I 1640.06 2426.27 2000.36 53181.01 3347.20 3547.55 3428.30 3115.52

D II 1568.27 2515.28 1980.26 81371.51 1753.85 1781.79 1767.90 97.18

III 1012.63 2268.36 1619.37 89178.03 1073.29 1169.15 1125.58 848.64

Problem
Constraint NGA

Enumeration
strength best worst average variance

I 8379.75 8613.52 8414.59 4578.06 566.73

A II 8550.34 8668.06 8618.90 842.89 652.38

III 8708.25 8714.92 8711.78 3.91 665.81

I 10882.38 11006.64 10954.14 1946.30 –

B II 11296.80 11467.94 11360.96 2888.93 –

III 11447.75 11907.14 11520.65 17290.82 –

I 13467.95 13651.13 13573.35 1886.21 –

C II 14022.60 14067.24 14032.10 147.58 –

III 14060.64 14090.92 14081.75 80.04 –

I 17532.97 17794.47 17646.13 4659.97 –

D II 18208.95 18263.34 18250.02 235.16 –

III 18424.03 18541.39 18461.96 1912.68 –

Table 4

Lower level GA avoidance counts

Problem Constraint DGA PGA

strength best worst average variance best worst average variance

I 35558 34898 35283.7 46901.01 32008 27418 29742.4 1589311.44

A II 35539 35093 35291.8 24252.76 31094 26980 29362.6 1272588.24

III 35634 35133 35371.4 24639.24 32006 29261 30431.2 948838.16

I 34983 33060 33995.6 265319.84 21852 14956 17355.0 3164457.60

B II 34757 32693 33959.8 317217.36 20845 14153 17304.8 4949162.76

III 35274 34007 34667.5 121787.45 23258 17347 20721.5 3514280.45

I 32740 30118 31504.7 518636.01 8626 5577 6963.4 1213648.44

C II 32705 30017 31094.1 677375.69 5164 1599 3707.9 1823801.69

III 33408 31591 32853.0 390069.20 16092 10170 13038.9 3552493.09

I 30696 26108 27780.8 1576362.56 1205 83 490.9 110786.89

D II 30819 26494 28875.6 2235743.84 847 114 292.5 46420.85

III 32731 27108 30240.6 1688052.64 5939 3469 4376.3 514510.01

sults of Problem A-I, NGA is not possible to obtain pre-

cise Stackelberg solutions in some trials. Performance in

deriving the best solutions to Problem B is equal for all

three methods, but comparing the worst values and the av-

erage values shows that DGA and PGA present the best

performance. Observe that the best values and the worst

values obtained by DGA for Problem C and Problem D are

equal or superior to the corresponding values obtained by

NGA. Also, for Problem C and Problem D without Prob-

lem D-II, comparing the average values shows that DGA is

superior to NGA. Finally, for Problem C and Problem D,

DGA is superior or approximately equivalent to PGA in all

results. When comparing the three methods with regards

to the solution precision obtained, DGA is superior.
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Table 5

Comparison of generations in which the best solution was found

Problem
Constraint DGA PGA

strength best worst average variance best worst average variance

I 5 147 37.8 2210.96 3 42 13.9 130.09

A II 6 20 11.7 16.81 2 13 9.0 8.80

III 5 20 11.0 20.80 3 16 9.3 18.81

I 5 158 54.4 1845.04 13 147 62.2 2204.76

B II 9 53 16.7 155.01 7 22 16.2 27.56

III 9 29 16.6 35.24 9 30 18.9 35.69

I 15 71 23.0 258.60 15 59 38.3 180.01

C II 14 165 61.1 3067.89 50 292 141.1 6644.29

III 13 247 75.6 6204.84 26 53 40.8 75.76

I 12 256 68.4 7015.44 62 291 157.3 5343.41

D II 23 299 117.7 9811.21 36 249 159.9 4262.09

III 19 70 39.6 275.04 30 239 74.9 3441.69

Problem
Constraint NGA

Enumeration
strength best worst average variance

I 5 208 48.0 6130.80 –

A II 4 16 8.4 10.64 –

III 3 126 22.4 1205.84 –

I 13 133 45.7 1728.41 –

B II 9 44 16.3 91.61 –

III 9 63 19.5 223.25 –

I 11 35 20.5 34.85 –

C II 16 66 28.2 352.76 –

III 13 26 18.8 17.36 –

I 19 108 34.7 666.61 –

D II 14 103 51.1 721.69 –

III 23 284 64.1 5833.29 –

Fig. 6. Comparison of average avoidance counts (the strong

constraint problem (I)).

Fig. 7. Comparison of average avoidance counts (the middle

constraint problem (II)).
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Examining the calculation time results displayed in Table 3,

for all trials of all problems, DGA and PGA are superior

to NGA. Also, the calculation times of DGA are less than

15% of the calculation times of NGA.

Figure 3 shows the average calculation times for each size

of the strong constraint problems (I). We can see that as

compared to PGA, DGA is superior.

The average calculation times for each size of the middle

constraint problems (II) are illustrated in Fig. 4. When

comparing DGA and PGA, DGA is approximately equiva-

lent or slightly inferior.

The average calculation times for each size of the weak

constraint problems (III) are shown in Fig. 5. From

Fig. 5, DGA is approximately equivalent or slightly inferior

to PGA.

The results of the avoidance count for the lower level GA

are shown in Table 4. From the results listed in this table,

we see that with both DGA and PGA, as the scale of the

problem increases the number of lower level GA avoidances

is reduced.

Fig. 8. Comparison of average avoidance counts (the weak con-

straint problem (III)).

The average avoidance counts for each size of the strong

constraint problems (I), the middle constraint problems (II),

and the weak constraint problems (III) are shown in

Figs. 6–8. Examining the results displayed in these fig-

ures, we see that the avoidance counts of DGA gradually

decrease as the size of the problem increases. On the other

hand, the avoidance counts of PGA rapidly decrease.

Finally, the results of the comparison of generations in

which the best solution was found are illustrated in Table 5.

The results listed in Table 5 show that with both DGA and

PGA, the generation deriving the best result is even later

than with NGA, and so it is likely that by introducing clus-

ter analysis methods the diversity of individuals within the

population of the upper level GA would be maintained,

and rapid population convergence avoided.

From the above results, compared to the other two com-

putational methods, DGA is the superior computational

method, both from a standpoint of solution precision and

required calculation time.

5. Conclusion

This paper has focused on a two-level 0-1 programming

problem in which there is not coordination between the

decision maker at the upper level and the decision maker

at the lower level. The authors have proposed a modi-

fied computational method that solves problems related to

computational methods for obtaining the Stackelberg solu-

tion. Specifically, in order to improve the computational

accuracy of approximate Stakelberg solutions and shorten

the computational time of a computational method imple-

menting GA proposed by the authors, a distributed genetic

algorithm has been introduced with respect to the upper

level GA, which handles decision variables for the up-

per level DM. Also, parallelization of the lower level GA

has been performed along with parallelization of the upper

level GA. The proposed algorithm has been improved in or-

der to eliminate unnecessary computation during operation

of the lower level GA, which handles decision variables

for the lower level DM. In order to verify the effectiveness

of the proposed method, numerical experiments have been

carried out. From the results, we have shown that the pro-

posed method is the superior to the other two computational

methods, both from a standpoint of solution precision and

required calculation time.
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of Communication Bandwidth

Market Models
Wojciech Stańczuk, Piotr Pałka, Józef Lubacz, and Eugeniusz Toczyłowski

Abstract—The article presents a method of analysis of market-

based models for resource allocation in communication net-

works. It consists of several stages: classification of a market

model, generation of input data, data adaptation to a tested

model, test calculations and, finally, presentation and inter-

pretation of results. A set of general criteria to assess vari-

ous models has been proposed. Tests are run using dedicated

computer applications, data is stored in open XML-based for-

mat originated in the multicommodity market model. Network

topologies are derived from the SNDlib library.

Keywords—auctions, bandwidth trading, resource allocation.

1. Introduction

A dominant form of trading on the market of resources in

telecommunications networks is bilateral contracting. Time

of negotiations is undesirably long in relation to high dy-

namics of business processes in the telecommunications

market. In addition, the bilateral nature of negotiations re-

duces the transparency of trade rules. This often enables

network operators or service providers with significant mar-

ket power to obtain better trading conditions than it is jus-

tified. Therefore, the research is conducted on innovative

mechanisms for trading of transport resources in networks

to enhance the efficiency of their usage and the quality of

conditions of competing for them, particularly in the form

of auctions and exchanges. Potential benefits of the intro-

duction of such multilateral trading patterns on the mar-

ket for telecommunications network capacity are discussed

in [1], problems of the organization of network bandwidth

exchanges are presented in [2].

The variety of possible models and their variants creates

a problem of objective evaluation and the feasibility of

mutual comparison. The models may implement many

different resource allocation algorithms and apply multi-

ple optimization criteria taking into account economic and

technical constraints. The chances of a simple quantitative

assessment of one model in comparison to others and indi-

cating its advantages and disadvantages are hindered. This

paper is an attempt to develop a methodological approach

to testing and comparing models of market-based allocation

of capacity in communication networks. The method can

be helpful in choosing trade models adequate to specific

markets segments in the telecommunications sector.

The structure of the article is as follows: Section 2 briefly

describes the survivable network design library (SNDlib)

and the multicommodity market model (M3 ). Section 3

shows the successive stages of testing. Section 4 presents

a set of comparative criteria. Section 5 shows an example

of the application of the proposed framework for a selected

bandwidth trading model. Section 6 summarizes the results

of the research.

2. A Method of Analysis

of Market-Based Models

The proposed approach to evaluating market models results

in a multi-stage framework. The stages, shown in Fig. 1,

are as follows:

– model classification,

– test data generation,

– data adaptation for a model,

– running tests,

– output data analysis.

Each step can be performed independently, using separate

tools. Data passed between the successive stages is stored

in text files saved in a extensible markup language (XML)-

based format.

Fig. 1. Schema of the bandwidth model testing framework.

The proposed methodology integrates the results of other

research: the data of the SNDlib and the model of a mul-

ticommodity market process (M3 ).

2.1. The SNDlib Library

The survivable fixed telecommunication network design

library [3] is a scientific library sharing exemplary data
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for problems of the design/dimensioning of communication

transport networks.

Examples stored in the library reflect the topology of real

networks. All of them are saved in a standardized XML

dialect. The main purpose of the library is to collect ac-

tual data on research problems and create a platform for

exchange of information between scientists and engineers

involved in network design. The library comprises network

topologies with the structure of network links and band-

width demands, best solutions and their dual bounds, an

up-to-date bibliography and a list of conferences on the

subject. The scope of solving methods is broad and in-

cludes models of linear/integer programming, branch-and-

bound algorithms, column generation, a Lagrangian relax-

ation and meta-heuristics such as evolutionary algorithms,

simulated annealing or taboo search.

2.2. The M333 Model

Consistent description of a broad scope of potential trade

processes on the bandwidth market needs an application of

an adequately flexible information model. Such flexibility

and a high degree of openness can be obtained by using

an information model based on the M3 [4]. The M3 is a set

of formal models that describe data and communication

messages on multi-commodity infrastructure markets. The

M3 model has been adopted in our research for a market of

transport resources in telecommunication networks.

The M3 model enables a generic description of the trad-

ing information exchanged between market participants.

The data is stored in a special M3-XML dialect allow-

ing the expression of: the existing network infrastructure,

the time scale in which the trade is accomplished, the en-

tity structure (sellers, buyers, brokers, leaseholders, etc.),

the trade object structure (description of traded goods) and

the offers submitted by individual market participants. It

contains, in particular, descriptions of market offers: ele-

mentary (singlecommodity), integrated (multicommodity),

and also grouping: describing more complex relations be-

tween elementary commodities or integrated offers with

common conditions or resource constraints. The introduc-

tion of the mechanism of grouping of the offers facilitates

the formulation of non-trivial constraints for each indi-

vidual market participant, and proper valuation/quoting of

the offers.

In practical applications one may use all or just selected

elements of the M3 data model. It is worth noting that the

M3 model and its M3-XML data format do not specify how

the trade itself and the allocation of resources are realized.

3. Stages of Preparing and Running

Tests

This section presents the sequential stages of preparation

and runnig tests of bandwidth market models.

3.1. Classification of the Model

The properties of models originate in economics, game the-

ory principles of mechanism design and in technical fea-

tures of traded bandwidth. Selecting distinctive features

of the models creates a space for their classification and

grouping. The set of the classifying features have been

developed upon analysis of the network resource structure

and the organization of trade processes. The categories of

the network design problems from [3] have also been taken

into account.

Type of commodities. The number of types of resources

in telecommunication networks is significant: there are

many technologies used in transmission systems (switch-

ing and multipexing techniques). The resources can have

a physical or a virtual nature and their detailed specification

depends on a layered architecture of modern networks.

Our research is focused on transport communication net-

works and in this context the general elementary commod-

ity is a bandwidth of a point-to-point connection between

a pair of nodes in a specified network layer. It is defined as

a network capacity enabling transmission of specified data

amount from a source node to a destination node during

specified quantum of time.

The bandwidth of a network link can be offered for sell.

The bandwidth needed to serve a traffic demand can be

purchased – the existence of a direct connection between

the pair of nodes of the demand is not necessary, the de-

mand can be realized with one or more paths (consisting

of sequences of links).

The trade models can take into account many of character-

istic features of bandwidth commodities. The most signifi-

cant ones are following:

– direction of bandwidth: bandwidth commodities can

be directed, undirected (data flow is possible in both

directions) or asymmetric (capacity depends on the

direction of data flow); bidirectional bandwidth com-

modities can be modeled with two oppositely directed

commodities;

– divisibility of bandwidth: bandwidth can be fully

divisible, modular (divisible with the accuracy of

units), unit (a particular case of modular bandwidth

modeled in combinatorial auctions), predefined (di-

visible only within specified volumes);

– commodity structure: some trade models omit struc-

tural relations between commodities and concern

trading only separate elementary commodities; other

models enable trading complex structures of com-

modities, particularly on the demand side: the struc-

tures can refer to a set of predefined network paths,

a specified set of network links or whole subnetworks

(e.g., for purposes of building virtual private net-

works).

Relations between offers and commodities. The models

can take into account different kinds of assignment between
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traded commodities and related trade offers. One can dis-

tinguish:

– elementary offers: a single offer concerns a single

elementary commodity;

– bundled offers: a single offer concerns a bundle of

elementary commodities, the commodities can be

sold/bought in equal or different amounts.

Market participants. The models can describe many or-

ganizational forms of trade. The basic division takes into

consideration the number and the roles of market partici-

pants. One can distinguish:

– single-side models: a market operator sell bandwidth

capacity to its clients, or a single client buys services

from many competing network operators;

– double-sided models: there are many buyers and sel-

lers.

The important role in trade models is a market operator –

the entity that balances the market: allocates resources and

sets prices. In centralized models there is one market op-

erator. In distributed models there can be many of them.

Quality of service constraints. Market contracts concern-

ing telecommunication resources usually define a set of pa-

rameters describing the quality of service (QoS). The trade

models can take those constraints into account, e.g., spec-

ifying the maximal length of a path or the maximal delay

of a packet.

Resource allocation rule. The network resources are al-

located by means of a defined algorithm operating on the

available market offers. In the context of transport network

resources one can distinguish the basic allocation rules:

– path setting: the required point-to-point bandwidth

connections are served with paths consisting of a se-

quence of communication links;

– allocation of single resources: buy offers concern

separate resources that is not bundled without any

explicitly expressed relation.

Pricing rule. Market models set contract prices according

to a specified rule. Some popular examples of such rules

are: English auction, second-price auction, Vickrey-Clarke-

Groves auction, dual pricing, etc.

Exchanged messages. The essential feature of a trade

model is the type of signals exchanged between market

participants and a market operator. The signals can have

various forms:

– point characteristics: a traditional market offer indi-

cating commodities, their amounts and offer prices;

– partial characteristics of preferences, e.g., a set of

points from utility function or a stepwise offer;

– full characteristics of preferences, e.g., in the form of

an utility function.

Market balancing dynamics. The models can be divided

according to the time schedule of the market balancing

process. One can distinguish two basic classes:

– one-time auctions: market participants submit their

offers and then a market operator allocates resources

and sets prices taking into account all submitted of-

fers;

– iterated auctions: the final market balance is achieved

in a sequence of steps, in which market participants

can modify their signals submitted to a market.

Implementation. The models can be implemented with

many different techniques and tools originated in opera-

tions research, computer programming and mathematics.

Examples of the implementation types are following: linear

programming, mathematical programming, dynamic pro-

gramming, parametric equations, heuristics, etc.

3.2. Input Data Generation

One of the purposes of the research presented in this pa-

per is to create a library of test examples for the scientific

community involved in the design of market algorithms and

models for communication transport networks. Input data

for test cases should reflect the size of demand and supply

observable in the real network bandwidth market. The test

data used for the research may come from the following

sources:

– examples of network design problems;

– economic models of supply and demand;

– real data from the telecommunications market.

Trade patterns for transport resources of networks and bal-

ancing market offers are conceptually similar to the prob-

lems of network design – the relationship between trade

mechanisms and designing the network have been discussed

in [5]: the demand for network bandwidth and communi-

cation links between nodes can be interpreted as a market

offer to buy/sell network resources. In order to generate

a test network topology and market offers one can therefore

use the data from the SNDlib library. The examples from

the database cannot be used directly due to their important

constraints. Firstly, there is only one link between pairs of

nodes in a network topology, while the market models as-

sume the existence of multiple offers on the bandwidth seg-

ment between a pair of nodes (a similar requirement applies

also to buy offers). Secondly, any pricing information in

the examples of the SNDlib is only expressed by determin-

ing the cost of installation and expansion of links, while in

the trade models one requires the price of bids submitted by

buyers and sellers. All the missing elements can be added

to the original network design examples, e.g., by means

of the pseudo-random generation adjusted to the specific

test case.
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The second source of the data on the potential offers on the

bandwidth market is the use of economic models of sup-

ply and demand. Such models in the context of resources

in telecommunication networks are under research, espe-

cially in the field of modeling network traffic and demand

for services. Some analysis of supply and demand can be

transferred to the ground of telecommunications from other

infrastructure markets such as energy or transportation.

The test data can also come from the analysis of the actual

data on transactions accomplished in the real telecommuni-

cations market. Acquiring such data is difficult in practice

because there are not any network bandwidth exchanges op-

erating on a larger scale, and the information about bilateral

contracts between telecommunications companies is gener-

ally private and not publicly available. However, there are

some internet sites showing examples of bandwidth prices

in certain local markets, e.g., the U.S., and reports on global

trends in the development of the telecommunications mar-

ket, such as the work [6].

3.3. Data Adaptation – Conversion to M333 Format

The adopted information model for the framework is the

M3 – any data of test cases should be saved in the M3-

XML format. This can be achieved in two ways.

The first one is the direct generation of input data in the

desired format. This requires dedicated computer tools al-

lowing editing or automatic generation of the test data.

The second approach assumes the use of examples con-

tained in the SNDlib library enriched with the entity struc-

ture, the object structure and trade offers. Choosing an

XML dialect as a data format results in the opportunity

to use widely available read/write software libraries for

many programming languages, which facilitate the develop-

ment of new tools for test data generation. The natural way

to transform XML data into another format is the use of

a extensible stylesheed language transformation (XSLT) [7].

One can also use the query language XQuery [8].

For the purpose of this research a mixed approached has

been adopted. A dedicated computer program with a graph-

ical user interface has been designed and implemented. It

has been used to enrich the SNDlib examples with lacking

elements and save them in the simple dedicated bandwidth

market XML (BM-XML) format describing the network

nodes and the offers for sale and purchase of network ca-

pacity. A series of XSLT transformations processing the

BM-XML format into M3-XML format have been used. In

this way we have obtained a convenient set of computer

tools used for importing and converting examples of net-

work topology to the new library of complete test cases for

bandwidth market models.

3.4. Running Tests

The next step is to run required calculations of network

capacity allocation and pricing for a tested model with

the prepared data. It is assumed that all the input data

is stored in the M3-XML format. Therefore any market

mechanism, which is a subject to the tests, should be able

to read input data and generate output data compatible with

the M3 information model. The flow of data during the ex-

ecution of the tests is illustrated in Fig. 2.

Fig. 2. M3-XML format data flow in running tests.

The concept of a universal decisional-computational pro-

cessor has been developed [9] and the initial implementa-

tion has been made: it solves the tasks described by the data

stored in M3-XML format. The corresponding XSLT trans-

formation converts the data to the internal representation of

the appropriate model. The processor returns the data in the

M3-XML format. Such modular architecture allows inde-

pendent implementation of the trade models from the eval-

uation framework: compatibility with the M3 information

model can be achieved by the input and output interfaces.

The XSLT transformations can be applied to convert the in-

put data into the format required by the particular comput-

ing processor, e.g., a standard mathematical programming

solver or a dedicated implementation of the algorithm of

a trade model. Examples of such transformations have al-

ready been created [4] and they are further extended in our

research on new trading models. They convert the data in

M3-XML format into GMPL format (gnumath program-

ming language) [10], which can be used by optimization

solvers, e.g., GlpSol and AMPL (a mathematical program-

ming language). Linear models can also be easily con-

verted to other LP (linear programming) formats, e.g., the

one used by the CPLEX solver.

3.5. Analysis of Output Data

The next step to take after having completed series of com-

putational experiments is to analyze the obtained results.

The application of the M3 information model to describe

the output of the tested models facilitates the analysis. If

one had different data formats for various trade models the

comparison of the results would be much more difficult and

time-consuming. The adopted XML-based format allows

for simple data conversion to other formats for presentation

purposes, such as exporting to spreadsheets or graphical

visualization applications.

4. Comparative Criteria

A fundamental part of the evaluation framework is the

proper selection of indicators. Trade models are often de-

signed for a specific market context and defined aspects
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of resource allocation, so the comparative criteria should

be general enough to be applicable to most of them. We

propose a set of such indicators, they represent measures

originating in economics, game theory and technical effi-

ciency.

A properly designed trade model should strive to meet sev-

eral desirable properties that make it attractive for a wide

range of market participants (traders, decision makers, reg-

ulators). These properties can be used as evaluation criteria

providing information about the ”quality” of a given model.

The set of criteria is divided into three categories: global,

individual and technical. The division into the individual

and global ones expresses the natural market game between

individual participants’ interests and global interests. The

third category aims in evaluation of the models in terms of

their technical efficiency.

4.1. Global Criteria

Economic efficiency. The main measure of economic ef-

ficiency is the market surplus. It is defined as the aggre-

gated economic benefits derived from the market exchange

of goods. If the market mechanism encourages participants

to submit truthful bids, then economic prosperity could be

determined accurately using actual bids. If the market offer

does not comply with the participant’s preference profile, it

can be used only as an imprecise measure known as eco-

nomic benefits. It is the difference between total value of

goods purchased and the total value of goods sold on the

market, as follows:

Q = ∑
m∈B

dmem −∑
l∈S

plsl , (1)

where em is the unit offer price of buy offer m, dm is realized

bandwidth of buy offer m, sl is the unit offer price of sell

offer l, and pl is realized bandwidth of sell offer l.

Incentive compatibility. The incentive compatibility prop-

erty holds if no market participant has incentives to report

signal different from its type/preferences: no agent has in-

centives to report an untruthful offer.

Incentive compatible mechanism prevents strategic actions

of the participants. The measure of the effectiveness of

the mechanism against strategic players is the allocative

inefficiency (AI) defined as follows:

AI =
Q0 −Q

Q0
100% , (2)

where Q0 is the economic surplus if every market partici-

pant submits a truthful bid, Q is the actual (achieved) value

of the economic welfare, where participants can submit bids

incompatible with their preferences. It should be noted that

the participants may submit bids incompatible with their

profile of preferences in order to achieve higher profits.

Budget balance. A trade model has balanced budget if sum

of sellers’ expenses is equal to sum of buyers’ incomes:

there is no need to surcharge the trading mechanism, and

the mechanism does not earn additional profits.

The first quantitative measure describing this criterion is

the value of the difference between total sellers’ income SI

and total buyers’ expense BE related to the total market

value. This measure has got the term budget imbalance in

relation to total turnover (RBIT ):

RBIT =
SI−BE

SI + BE
100% . (3)

The second measure describing the budget balance criterion

is the value of the difference between total sellers’ income

and total buyers’ expense related to the market surplus.

This measure has got the term budget imbalance in relation

to market surplus (RBIS):

RBIS =
SI−BE

Q
100% . (4)

Pareto-efficiency. The results given by the trading model

are Pareto-efficient, if one can not improve the result for one

market participant without making some other participants

worse off: the results are Pareto-efficient if such results are

not Pareto-dominated by other results.

4.2. Individual Criteria

Individual economic benefits. From the perspective of an

individual market participant the trading model should al-

low to obtain the highest possible value of the individual

economic benefits. The measure is defined as the value of

the individual utility function for each market participant.

Absolute individual fairness – individual rationality.

A trade model is individually rational, if no market partici-

pant loses from the participation in the trade. This property

is also called the voluntary participation (if it may lose then

it can choose not to participate in the trade).

Relative individual fairness. A trade model is fair in a rel-

ative sense, when from the perspective of each participant

no other offer is favored in relation to its offer.

Other criteria related to fairness have been outlined below:

– anonymity: a participant remains anonymous if

renumbering of participants does not affect the ob-

tained outcome;

– symmetry: two participants with the same parame-

ters, in the same market situation (the same utility

functions) should obtain the same individual results;

– an equal price: each participant receives the same

volume of a commodity for the same unit price.

4.3. Technical Efficiency

The possibility of a practical technical implementation of

the trade model is evaluated with technical efficiency indi-
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cators dependent on the computational complexity of the

model and on its reliability. Exemplary measures are:

– duration of single market balancing;

– total duration of the market balancing (for iterative

mechanisms);

– a number of exchanged messages (total, average).

5. Example

The evaluation framework has been applied to test the bal-

ancing communication bandwidth trade (BCBT) model dis-

cussed in [5]. It is a multicommodity trade model for the

market of network transport resources with many buyers

and many sellers. The model assumes complete divisi-

bility of offered bandwidth (sell offers) and the ability to

allocate any fraction of bandwidth to any bandwidth de-

mand (buy offers). The market balancing process consists

of setting the paths serving buy offers with a combination

of sell offers. The formal format of the model is a linear

programming problem representing a double auction with

the maximization of market welfare.

The evaluation of the properties of the BCBT model has

been carried out according to the framework principles out-

lined in the paper. Below a brief description of this test

case is presented.

5.1. Classification of the Model

Type of commodities. The BCBT model assumes that

both links (sell offers) and paths (buy offers) concern uni-

directional network capacity. The division model of the

offered bandwidth is continuous: the seller and buyer may

indicate bandwidth amount of their bids with any positive

real number. The bandwidth can be traded in the range

from 0 to a maximal admissible volume specified for the

offers.

Relations between offers and commodities. All market

offers in the model are elementary offers concerning ele-

mentary point-to-point bandwidth connections in the net-

work.

Market participants. The model represents a double auc-

tion: there are many buyers and many sellers. It is a cen-

tralized trading model – a single market operator balances

the market.

Quality of service constraints. There are not any QoS

parameters included in the model (e.g., there is no limit on

the maximum length of paths).

Resource allocation rule. The balancing mechanism can

freely allocate bandwidth in the network, in particular a sin-

gle sell offer can be used to serve multiple buy offers, a sin-

gle buy offer can be realized with many paths. There are

no restrictions on the possibility of setting paths in the net-

work: there are no predefined paths, they are set during

the market balancing process taking into account of all

available offers.

Pricing rule. The pricing rule adopted is the dual pricing

rule – it is based on dual prices of the balance constraints.

In the BCBT model the balance constraints exist only for

the links – so the prices are determined directly for the

sell offers only. The prices for demands (buy offers) are

determined as a sum of the values of bandwidth bought on

links in the related paths.

Exchanged messages. The messages exchanged in the

model are point characteristics of market participants’ pref-

erences in the form of a traditional offer expressing the

amount of commodities and their unit prices.

Market balancing dynamics. The model is an example of

a one-time double auction – the market participants sub-

mit offers and then the market is balanced – resources are

allocated and prices are calculated.

Implementation. The model has been implemented as

a linear program maximizing total market welfare. The

linear program is written in GMPL and AMPL.

5.2. Input Data

The network topology is derived from the example of the

NOBEL-EU network from the SNDlib developed in the

IST NOBEL project “Next Generation Optical Networks

for Broadband European Leadership” [11]. The nodes of

the network are located in 28 major European cities. The

network topology (nodes and potential links) is illustrated

in Fig. 3.

Fig. 3. Pan-European network of EU project IST NOBEL [11].

Bandwidth buy offers are independent from the traffic de-

mands included in the original SNDlib example. It is as-

sumed that the offered prices rise along with the geo-
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graphical distance between a pair of nodes, and offered

bandwidth capacity decreases with the distance. 150 buy

offers have been generated by the following algorithm:

1. Draw randomly a source and a destination network

node (different from each other).

2. Set pseudo-randomly offer price according to the ex-

pression (5) with dependency on the geographical

distance between the nodes:

Gauss

(

AvgP ·Dist,
AvgP

3Dist

)

. (5)

3. Set pseudo-randomly offer bandwidth capacity ac-

cording to the expression (6) with dependency on

the geographical distance between the nodes:

Uniform
(

0.5AvgC, 1.5AvgC
)

(

1−
Dist

Distmax

)

(6)

with the following denotation:

– Gauss(a,b): Gaussian distribution with the expected

value a and the standard deviation b;

– Uniform(a,b): uniform distribution in the range

[a,b];

– AvgP: average unit bandwidth price related to a unit

distance;

– AvgC: average bandwidth capacity for adjacent

nodes (distance equals 0);

– Dist: distance between nodes;

– Distmax: the maximal distance between the nodes in

the network.

Following parameter values has been used for buy offer

generation: AvgP = 1, AvgC = 15.

Sell offers have been also generated randomly (they have

replaced links in the original SNDlib example: the pri-

mary links have been interpreted as bandwidth segments

on which sell offers are submitted). The assumption made

is similar to the case of buy offers: the offered prices

rise along with the geographical distance between a pair

of nodes, and offered bandwidth capacity decreases with

the distance. 5 separate sell offers have been generated

on every bandwidth segment using the same mathematical

expression for setting prices and capacities as for the buy

offers (with the following parameter values: AvgP = 0.5,

AvgC = 10) according to the algorithm:

1. Set pseudo-randomly the direction of the offer (the

probability of each direction equals 0.5).

2. Set pseudo-randomly offer price according to the ex-

pression (5) with dependency on the geographical

distance between the nodes.

3. Set pseudo-randomly offer bandwidth capacity ac-

cording to the expression (6) with dependency on

the geographical distance between the nodes.

The test data generated for the Nobel-EU network including

150 buy offers and 205 sell offers has been saved in a BM-

XML format file. The data sat is a simple but complete

test case, and it can be used also for testing the properties

of other models than the BCBT.

5.3. Adaptation and Running Tests

A single test procedure consists of three phases. The first

one is the adaptation of the data stored in BM-XML format

to the M3-XML format. The second phase is the solution

of the problem in accordance with a given mathematical

model of the BCBT. The third phase is the collection of

the results and their analysis. The detailed description of

each step is as follows:

• The data in the BM-XML format has been converted

to the M3 information model using several XSLT

transformations. The result of this procedure is a set

of files in the M3-XML format.

• The obtained data set is then passed to the decisional-

computational processor performing the following

steps: the data is converted to a GMPL model imple-

menting the BCBT allocation model using an XSLT

transformation; the complete GMPL model with nu-

meric data is passed to a linear programming solver

(e.g., AMPL, GlpSol) returning results.

• The results are parsed to the M3-XML format.

Calculations have been performed on a PC (Intel Core 2

Duo 2.60 GHz, 2 GB RAM).

5.4. Output Data Analysis

The numerical data and short comments for the framework

indicators have been presented below.

Economic efficiency. From a global perspective the BCBT

model is economically efficient in the sense that it maxi-

mizes the global economic welfere. Thus, for given market

offers, no better allocation of bandwidth resources is possi-

ble. The market welfare achieved in the test case is 13861.

Incentive compatibility. The obtained value of the alloca-

tive inefficiency equals 0.026. It is a very good outcome –

it indicates that the possibility for speculation on the market

is limited.

Budget balance. The RBIT and RBIS benchmarks are 0, so

the model fulfills the requirements for the budget balance

property.

Pareto-efficiency. The Pareto-efficiency property holds for

the family of BCBT models. Pareto-efficiency is ensured if

72



A Framework for Evaluation of Communication Bandwidth Market Models

the aggregation function of the individual objective func-

tions is strictly increasing. The family of BCBT models

uses objective function as the sum of individual objective

functions, which is strictly increasing with respect to ev-

ery coordinate, so the whole BCBT family is Pareto-ef-

ficient.

Individual economic benefits. The calculated contract

prices have been used to determine the individual bene-

fits of the market participants. The list of their values has

not been included here because of the limited space of the

paper.

Absolute individual fairness – individual rationality. The

individual benefits for those market participants, whose of-

fers have been successfully traded, are positive. So the

requirements of the individual rationality property are ful-

filled.

Relative individual fairness. The requirements for re-

lative fairness of individual market participants are par-

tially met in the test case. In general their fulfilment de-

pends on the implementation of solvers (e.g., the order of

identical market offers may have impact on the volume of

their realization). The BCBT model itself does not have

any additional constraints for complying with these require-

ments.

Duration of market balancing. The total time of the mar-

ket balancing has been very short: 0.95 s. There have not

been any additional computation for resource pricing be-

cause the prices have been derived from the parameters of

the linear program solution. The LP formulation of the

BCBT model does not comprise integer variables, to it is

feasible even for large networks.

Number of exchanged messages. The market participants

have submitted 150 buy and 205 sell offers – there are total

355 bid messages (the same number of messages covers

announcing the results of the trade).

6. Summary

The paper presents an attempt to develop a methodological

approach to the problem of comparing different models for

trading capacity in the communication transport networks.

Several stages of test preparation and running computations

have been distinguished and described. The use of stan-

dardized data format is essential: the task of comparison

of results becomes easier and the same test cases can be

reused for many models. The proposed framework will be

used to study and compare the properties of different trade

models, such as c-SeBiDA (combinatorial sellers’ bid dou-

ble auction) [12], MIDAS [13], BCBT [5], NSP (network

service provider) [14], and other new models developed

by the authors in their research. The described framework

and its tools can be a part of a broader research platform

forming an advanced computing environment for testing

the market models of resource allocation in communication

networks.

The evaluation framework is in its early stage and still there

is a need to refine many of its elements. The most important

areas perceived for improvement include:

• The development and extension of economic mod-

els to describe the bandwidth demand and supply

enabling generation of test data reflecting the real

market conditions.

• Refine the set of criteria enabling to study and

compare specific characteristics of trading models,

e.g., resulting from the market game between trade

participants.

These and other extensions of the basic methodology pro-

posed in this paper will be presented in the authors’ future

papers.
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Performance Analysis of Hybrid

Phase Shift Keying over Generalized

Nakagami Fading Channels
Mahmoud Youssuf and Mohamed Z. Abdelmageed

Abstract—In addition to the benefits of hybrid phase shift

keying (HPSK) modulation in reducing the peak to average

power ratio of the transmitted signal to reduce the zero cross-

ings and the 0◦◦◦-degree phase transmissions, HPSK enhances

the bit error rate (BER) measure of the signal performance.

The constellation of the HPSK is analyzed, and an expression

for the conditional probability of HPSK modulation over ad-

ditive white Gaussian noise (AWGN) is derived. This BER

measure of HPSK is shown to outperform quadrature phase

shift keying (QPSK) modulation. HPSK performance through

Nakagami – m fading channel is also considered.

Keywords—bit error rate, hybrid phase shift keying, quadrature

phase shift keying.

1. Introduction

Hybrid phase shift keying (HPSK) is used in wideband

code division multiple access (WCDMA) systems thanks

to its low peak-to-average power ratio. This low ratio of

peak-to-average power results in reducing the number of

zero crossing of phase transitions of the output transmitted

signal. In this paper we prove that HPSK outperforms other

quadrature modulation techniques, such as offset quadrature

phase shift keying (OQPSK) by 3 dB.

The paper is organized as follows: Section 2 describes the

HPSK constellation in case of two channels at different

amplitudes. Section 3 derives an expression for the condi-

tional probability of error of HPSK modulated signal over

an additive white Gaussian noise (AWGN). In Section 4 we

apply the obtained expression in evaluating the performance

of HPSK modulated signal over a generalized Nakagami –

m channel. Finally, Section 5 includes numerical results

and comments.

2. The Hybrid Phase Shift Keying

Constellation

The HPSK has been proposed as the spreading technique

for WCDMA to eliminate the zero crossings for every other

signal transition and to eliminate the 0
◦-degree phase shift

transitions for every other chip point, as well as to improve

the bit error rate (BER) measure of the direct sequence

WCDMA (DS-WCDMA) system performance.

In 3G systems the mobile station (MS) can transmit more

than one channel. The different channels are assigned to

either I or Q path.

Fig. 1. The basic reverse channel structure of 3G system. Expla-

nations: DPCCH – dedicated physical control channel, DPDCH –

dedicated physical data channel, R-FCH – reverse fundamental

channel.

In the case of transmitting only two channels, as in Fig. 1,

one of the channels (DPDCH or R-pilot) is applied to

the I path and the other channel (DPCCH or R-FCH) is

applied to the Q path [1]. Additional, high data rate chan-

nels are combined alternatively on the I or Q paths. Each

channel is spread by a different orthogonal even-numbered

Walsh code. In the general case the channels can be at

Fig. 2. The 4-QAM constellation for two channels at different

amplitudes.

different power levels, as in Fig. 2 which maps onto a rect-

angular four quadrature amplitude modulation (4-QAM)

constellation.
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The QAM signal waveforms may be expressed as

Sm(t) = Re
{

Ae
jθmg(t)ej2π fct

}

= Achg(t)
[

cos(2π fct)cos(θm)

−sin(2π fct)sin(θm)
]

, (1)

where: Ach =
√

I2

ch + Q2

ch, where Ich and Qch are the infor-

mation bearing signals amplitudes of the I path channel

and Q path channel, respectively, g(t) is the pulse shape

signal, θm = tan
−1 Qch

Ich
is the phase of the signal vector and

it varies with m = 1, 2, 3, 4.

So, the QAM signal waveform may be viewed as a linear

combination of two orthogonal wave forms f1(t) and f2(t)
such that [2]:

Sm(t) = Sm1 f1(t)+ Sm2 f2(t) , (2)

where Sm1 and Sm2 are the component of the two dimen-

sional vector Sm:

Sm =
[

Sm1 Sm2

]

=
[

Ich Qch

]

. (3)

In the 4-QAM according to the position of the vector point

and according to the value of Ich and Qch:

∴ Sm =
[

Ach cosθm Ach sinθm

]

. (4)

In the reverse link of DS-CDMA systems the Ich and Qch

are complex scrambled with a complex scrambling signal

(Is + jQs) as in Fig. 3.

The final I and Q signals are produced mathematically by

the multiplication of the two complex signals; the complex

data signal (ID + jQD) which has already spread into chips

(Ich + jQch), and the complex scrambling signal (Is + jQs)
so the final I and Q signals are:

I + jQ = (IchIs−QchQs)+ j(IchQs +QchIs) = AchAse
j(φch+φs)

,

I = AchAs cos

( π

M
(2n−1)+θm

)

= Acos

( π

M
(2n−1)+θm

)

,

(5)

Q = AchAs sin

( π

M
(2n−1)+θm

)

= Asin

( π

M
(2n−1)+θm

)

.

(6)

Fig. 3. Complex scrambling of HPSK.

Since final constellation is formed by complex multi-

plication of the two signals of chip constellation and

scrambling constellation which is always QPSK constel-

lation as in Fig. 4, then: from Eqs. (5) and (6) we con-

clude that the final signal (I + jQ) is a QPSK constel-

lation with two dimensional vector representation Smn,

where:

Smn =

[

Acos

( π

M
(2n−1)+ θm

)

Asin

( π

M
(2n−1)+ θm

)

]

,

(7)

where A = AchAs; n = 1, 2, 3, 4; m = 1, 2, 3, 4 and M = 4.

Fig. 4. The chip constellation (a) and the scrambling constella-

tion (b).

This new constellation has points that rotate according to

the angle: π
4
(2n− 1) + θm, while θm changes according

to the value of Ich and Qch, for example, if n = 1, the

point (Ich, Qch) will be transferred by the angle equal to

(45
◦+θm). So the new constellation is really an eight point

constellation with two independent QPSK constellation as

shown in Fig. 5 according to the value of θm. One of these

two constellations corresponds to θm > 45
◦ and it rotates by

angle equal to φ1 = (θm −45
◦) from the original axes. The

other QPSK constellation corresponds to θm < 45
◦ and ro-

tates with angle equal to φ2 =−(θm−45
◦) from the original

axes. So the new final constellation consists of two inde-

pendent QPSK constellations with complex scrambling:

Sn =

[

Acos

[

2π

M
(n−1)+φ1

]

Asin

[

2π

M
(n−1)+φ1

]

]

, (8)

S′n =

[

Acos

[

2π

M
(n−1)+φ2

]

Asin

[

2π

M
(n−1)+φ2

]

]

. (9)
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Fig. 5. The final constellation of the scrambled chip of different

channel amplitudes.

So, the final constellation has eight points, as in Fig. 5, with

the angular distribution determined by the relative levels of

the two channels signals.

3. Probability of Error of Hybrid Phase

Shift Keying Modulated Signal

over Additive White Gaussian Noise

We concluded in the previous section that the final con-

stellation of the two channels at different amplitudes con-

sists of two independent QPSK constellations with com-

plex scrambling. The average value of the amplitude of

the new constellation is
√

2 times the value of the am-

plitude of the traditional QPSK. To obtain the BER of

the HPSK modulated signal as a measure of its perfor-

mance we will assume that this signal is transmitted over

AWGN channel. The received signal is demodulated with

correlated demodulator or a matched filter demodulator

and the decision for the received observation vector r =
[r1, r2, r3, . . . , rN ] among all the transmitted signals Sm is

based on the maximum of the conditional probability distri-

bution function (pdf) P(r/Sm), which is the maximum like-

lihood (ML).

The optimum ML detector computes a set of M correla-

tion metrics C(r, Sm) = −2rSm and selects the signal cor-

responding to the largest correlation metric [3].

Applying this metric in our study case, r is the re-

ceived signal vector r = [r1 r2] which is projected onto

each of the four possible transmitted signals vectors Sm

for m = 1, 2, 3, 4, where M = 4. We can consider that

the correlation detector in the case of HPSK modulated

signal is equivalent to a phase detector that computes the

phase of the received signal from r and selects the sig-

nal Sm whose phase is closest to r, where the phase of r

is θr = tan
−1 r2

r1
.

The probability of error can be computed if we determine

the power density function of θr Pθr
(r). We consider the

case in which the transmitted signal phase is equal to zero,

as in Fig. 6.

Fig. 6. The HPSK vector constellation.

The transmitted vector S1 =
[√

εs 0
]

, where εs is the energy

of the transmitted HPSK signal S1(t). The received signal

vector is r = [r1 r2] =
[√

εs +n1 n2

]

, where n1 and n2 are

jointly Gaussian random variables with mean and variances

E(r1) =
√

εs, E(r2) = 0 and σr12 = σr22 = σr2 = 1

2
N0.

Consequently, the joint pdf of r1 and r2 is:

P(r1, r2) =

(

1

πN0

)

exp

[

−
(r1 −

√
εs)

2 + r2

2

N0

]

. (10)

The pdf of the phase θr is obtained by a change in variables

from (r1 ,r2) to (A, θr), where:

A =
√

r2

1
+ r2

2
, θr = tan

−1
r2

r1

,

P(A, θr) =A
(

1

πN0

)

exp

[

−
(A2+εs−2

√
εsAcosθr)

N0

]

, (11)

Pθr
(θr)=

∞
∫

0

P(A, θr)dA=
1

2π
e
−2γs sin

2 θ

∞
∫

0

Ae
−

A−
√

4γs cosθ )2

2
,

(12)

where γs = εs
N0

is the signal-to-noise ratio (SNR).
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For large values of γs ≫ 1 and |θr| ≤
π
2
, Pθr

(θr) is well

approximated as

Pθr
(θr) =

1

2π
e−2γs sin

2 θr I , (13)

where

I =

∞
∫

0

Aexp

(

−
(A− cosθr

√
4γs)

2

2

)

dA , (14)

I = cosθr

√
2π

√

4γs , (15)

Pθr
(θr) =

√

2γs

π
cosθre

−2γs sin
2 θr

. (16)

When s1(t) is transmitted a decision of error is made if the

noise causes the phase to fall outside the range
[

− π
4
,

π
4

]

,

and hence the probability of a symbol error is:

P4 = 1−

π
4

∫

− π
4

Pθr
(θr)dθr . (17)

By substituting for Pθr
(θr) and performing the change of

variables from θr to µ , where µ = sinθr

√
2γs, we find

P4 = 2Q

(
√

2γs sin
2

(π

4

)

)

= 2Q
(√

γs

)

. (18)

In case of HPSK

εs = 2(kεb) = 4εb ∴ P4 = 2Q

(
√

4εb

N0

)

. (19)

Since the transmitted signals represented by the vector

points of the final constellation are equally likely to be

transmitted and since the 8-points are distributed around

a circle consisting of two independent QPSK constellations

with complex scrambling then the average probability of

the symbol error in the case of two channels at different

amplitudes is:

Psymbol =
1

2

[

P1(e)+ P2(e)
]

, (20)

where P1(e) is the probability of symbol error of the first

QPSK constellation, P2(e) is the probability of symbol error

of the second constellation:

PS = 2Q

(
√

4εb

N0

)

. (21)

The bit error probability in this case is:

Pb = Q

(
√

4εb

N0

)

= Q
(
√

4γ
)

, (22)

where γ is the SNR = εb/N0.

It is simply interesting to compare the performance of

HPSK with that of QPSK since both types of signals are

two dimensional. Since the error probability is dominant

by the arguments of the Q function, we may simply com-

pare the arguments of Q for the two signal formats of

HPSK and QPSK. The ratio of the two arguments is equal

R = 2. So, HPSK has SNR advantage of 10 log 2 ≈ (3 dB)

over QPSK.

4. The Performance of HPSK Signal over

a Generalized Nakagami – m Channel

The mobile communication channel is noisy, multipath and

is subjected to fading. The channel fading conditions de-

pend on the propagation conditions and the clutter types

the waves propagate through. In some cases the fading can

be more severe than Rayleigh, while in other cases where

line of sight or near line of sight conditions is available,

the signal will be more stable. The Nakagami distribution

is shown to fit results more generally than other distribu-

tions [4]. In this section we will evaluate the average BER

of HPSK systems subjected to Nakagami fading. We will

evaluate the expected value of the conditional Pb as given

by Eq. (22) over Nakagami distribution. In Nakagami chan-

nel the path amplitude probability density function is given

by

fr(r) =
2

Γ(m)

( m

Ω

)m

r2m−1
exp

(

−
m

Ω
r2

)

, (23)

where m is the fading parameter and it describes the fading

severity which is defined as the ratio of moments or it is the

ratio of the square of the mean signal power to the variance

of the signal power

m =
Ω2

E
[

r2 −Ω
]
, m ≥ 0.5, Ω = E

[

r2
]

. (24)

The received signal power γ follows gamma distribution

and its pdf is given by

fr(γ) =
(m

Ω

)m γ m−1

Γ(m)
exp

(

−
m

Ω
γ
)

; γ ≥ 0, m ≥ 0.5 .

The average probability of error will be given by

P(e) =

∞
∫

0

P(e/γ) fγ(γ)dγ =

∞
∫

0

Q
(
√

4γ
)

fγ(γ)dγ . (25)

The integral of the average probability is evaluated in [5].

The average probability of error is finally given by

Pe =

(

1

2
√

π

) Γ
(

m+ 1

2

)

Γ(m+1)

(

2m

2m+4Ω

)m

× 2F1

(

1

2
, m; m+1;

2m

2m+4Ω

)

, (26)

where 2F1(a, b; c, x) is the Gauss hypergeometric func-

tion [6] defined by

2F1(a, b; c, x) =
∞

∑
n=0

(a)n(b)n

(c)n

xn

Γ(n + 1)
(27)

or with integral representation:

2F1(a, b; c, x) =
Γ(c)

Γ(b)Γ(c−b)

1
∫

0

tb−1(1−t)c−b−1(1−xt)−a
dt ,

(28)

where c > b > 0.
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The integral representation of 2F1 is valid under the as-

sumption that |x| ≤ 1. In our case, it reduces to:

2F1

(1

2
,m; m+ 1; x

)

=
Γ(m+ 1)

Γ(m)

1
∫

0

tm−1

√

(1−xt)
dt . (29)

The average BER can then be given by

Pe =

(

1

2
√

π

) Γ
(

m+ 1

2

)

Γ(m)
xm

1
∫

0

tm−1

√

(1−xt)
dt , (30)

where

x =
2m

2m+ 4Ω
. (31)

The substitution (t = sin2(θ )/x), is useful to solve the in-

tegral. Finally, we have for arbitrary value of m:

Pe =

(

1
√

π

)

Γ
(

m+ 1

2

)

Γ(m)

arcsin(
√

x)
∫

0

sin
2m−1 θ ..dθ (32)

and for integer m, Eq. (32) will result into:

Pe =

(

1
√

π

)

Γ
(

m+ 1

2

)

Γ(m)

m−1

∑
n=0

(

m−1

n

)

(−1)n

2n + 1

[

1− y(n+ 1

2
)
]

,

(33)

where

y =
√

1− x =

√

4Ω

2m+ 4Ω
. (34)

Fig. 7. The BER versus SNR of HPSK in Nakagami fading

channels.

Special cases. The probability of error is computed for

different value of m (Fig. 7). For the case of severe

fading:

• m = 1

2
(the half Gaussian distribution) Eq. (32) re-

duces to:

Pe = arcsin(
√

x)/π , (35)

• m = 3/2, Eq. (33) will reduce to:

Pe =
(

arcsin(
√

x−
√

x(1− x)
)

/π , (36)

• m = 1 (the case of Rayleigh fading), the average prob-

ability of error in Eq. (33) reduces to:

Pe = (1− y)/2 , (37)

• m = 2, Eq. (33) will result to:

Pe = (2−3y + y3)/4 , (38)

• m = 3 (very close to Rician fading), Eq. (33) will

result to:

Pe =
(

8− (15y−10y3+ 3y5)
)

/16 . (39)

5. Conclusion

In this paper we come to an easy to evaluate expressions

for the BER of HPSK performance in Nakagami fading

channel as shown in the previous section. The cases of

more severe fading than Rayleigh (m = 1) and Racian

(m = 3) fading are considered. Figure 7 shows the prob-

ability of error of HPSK for different values of m. Also

we proved that HPSK has SNR advantage of nearly 3 dB

over QPSK.
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Charging Phenomena

at the Interface Between High-k Dielectrics

and SiOxxx Interlayers
Olof Engström, Bahman Raeissi, Johan Piscator, Ivona Z. Mitrovic, Stephen Hall,

Heinrich D. B. Gottlob, Mathias Schmidt, Paul K. Hurley, and Karim Cherkaoui

Abstract—The transition regions of GdSiO/SiOxxx and HfO2/

SiOxxx interfaces have been studied with the high-kkk layers de-

posited on silicon substrates. The existence of transition re-

gions was verified by medium energy ion scattering (MEIS)

data and transmission electron microscopy (TEM). From

measurements of thermally stimulated current (TSC), electron

states were found in the transition region of the HfO2/SiOxxx

structures, exhibiting instability attributed to the flexible

structural molecular network expected to surround the trap

volumes. The investigations were focused especially on whether

the trap states belong to an agglomeration consisting of a sin-

gle charge polarity or of a dipole constellation. We found that

flat-band voltage shifts of MOS structures, that reach con-

stant values for increasing oxide thickness, cannot be taken as

unique evidence for the existence of dipole layers.

Keywords—defects, dielectrics, high-k, metal oxide semicon-

ductor.

1. Introduction

The gate function of future metal oxide semiconductor

(MOS) transistors has attracted a large scientific commu-

nity to an expedition into the periodic system for tracking

the Dielectric Grail. Wanted is a material with accept-

able energy offset values, ∆E , between the energy bands

of the dielectric and the silicon crystal while, in addition,

having a high enough dielectric constant, k. Yet, to ful-

fill the demands of low current leakage and high capac-

itive coupling between gate metal and transistor channel,

the crucial property is the product k × ∆E of these two

quantities [1]. So far, for CMOS applications most of the

efforts have been limited to metal oxides. The change from

the extremely well mastered thermal SiO2 material, to an

oxide based on metals among the transition or rare earth

series, has disclosed obstacles that were unnoticeable for

traditional technology. Beside the problems of chemical

stability between these new “high-k” oxides and the silicon

substrate, crystallization, sensitivity to humid environment,

higher concentrations of oxide traps and interface states are

properties, not uncommon among these materials. Driven

by technology, this has given rise to needs for understand-

ing their microscopic properties from chemical, physical

and electrical point of view.

A common attribute of high-k oxide films deposited on

silicon is the occurrence of an SiOx interlayer between

the high-k material and the silicon crystal. This evokes in-

terface electron state properties similar to those at thermal

SiO2/Si interfaces [2], [3]. Even if the interlayer lowers the

effective k value of the film, it often gives better conditions

for a transistor channel than those offered by a direct inter-

face due to lower charge carrier scattering by the former.

However, it must be paid for by an extra interface occur-

ring between SiOx and the high-k material [4]. As the total

physical thickness of the film is in the range of 5 nm or

smaller, on this length scale the transition from SiOx to the

high-k material can hardly be considered abrupt. It is found

to include a transition region with undefined stoichiometry

and thus with possible structural instabilities [5]–[11]. Re-

cently, the occurrence of traps either singular or in dipole

configurations have been noticed as the potential origin of

charge sources decreasing the quality of presumptive gate

insulators [11]–[16]. In the present paper, we will describe

the physical and electrical properties of transition regions

at GdSiO/SiOx and HfO2/SiOx interfaces and demonstrate

how charge carrier traffic at such positions can be inter-

preted in order to characterize the trap properties. Based

on this reasoning, the possible existence of a dipole layer

in the transition region will be addressed.

2. Properties of Transition Regions

The dominating defect causing charge carrier traps in the

bulk of transition and rare-earth metal oxides is commonly

considered to be the oxygen vacancy. It has similar proper-

ties as the E ′ center in SiO2 and has been the object of a rich

theoretical [15], [16] and experimental [10], [11] literature.

In HfO2 it has been predicted to be an amphoteric center

with four [15] or five [16] charge states ranging from dou-

ble donor to double acceptor behavior with the latter states

positioned in the range 1–2 eV from the HfO2 conduction

band edge. Furthermore, the double acceptor level is ar-

gued to be connected with large lattice relaxation [16]. It

has even been proposed that the double negatively charged

energy level falls below the single negatively charged level,

thus exhibiting negative-U property [17]. These trap prop-

erties will be further discussed below in relation to the

results from electrical measurements.

As one example of the complex high-k oxide/SiOx inter-

face, we will discuss data from GdSiO. This dielectric was
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Fig. 1. MEIS data for samples with GdSiO evaporated on top

of a 4 nm thermal oxide: (a) as deposited and (b) after RTA at

900◦C for 1 s.

prepared by evaporating Gd2O3 on a 4 nm thick thermal

SiO2 layer on silicon [18]–[21]. The double layer was

partly transformed into GdSiO by rapid thermal anneal

(RTA) for 1 s at 900◦C. The depth distribution of elements

before and after the thermal anneal is shown by medium

energy ion scattering (MEIS) data in Fig. 1. A steeply de-

creasing silicon concentration from the silicon side into the

oxide directly after deposition (Fig. 1(a)), reflects a com-

plicated diffusion process taking place already at this stage.

At the 10 nm mark, the concentration of oxygen is a factor

of 2 higher than the concentration of silicon. This indicates

a reminiscence of SiO2 which quickly becomes a suboxide

at larger distances from this interface, where a nearly stoi-

chiometric Gd2O3 takes over. The extremely high gradient

of Si at the 10 nm point would be expected to stage struc-

tural instability. After the RTA at 900◦C, silicon has pen-

etrated the whole oxide layer (Fig. 1(b)) creating a GdSiO

with varying concentration of Si. This structure has been

demonstrated to fulfill the industrial target for low standby

power, 22 nm double gate SOI transistors [18].

A second example is given by a transmission electron mi-

croscopy (TEM) picture showing the interface between

HfO2 and SiOx in Fig. 2. This sample was prepared by

reactive sputtering of Hf and O2 followed by an anneal at

800◦C for 10 min [12]. Between the white string show-

ing the SiOx layer and HfO2, appearing as a black area,

Fig. 2. TEM graph from a cross section of Si/SiOx/HfO2, where

the HfO2 layer was deposited by reactive sputtering.

a milky band is shown with a width of about 2 nm. Here,

one may expect the same type of diffusion taking place as

in the case of GdSiO above. As will be shown below, traps

formed in this region consequently have an unusual electric

behavior.

3. Charge Carrier Traffic at Transition

Regions

3.1. Energy Relations and Charge Exchange

We consider an interface between a high-k oxide and an

SiOx interlayer on silicon as schematically shown in Fig. 3.

The transition region is marked by a wide patterned band

and includes a trap level at an energy distance ∆E below

the silicon conduction band edge. A negative net charge

is present in the interlayer, such that an electric field F is

directed from the silicon crystal towards the high-k oxide.

Assuming that the thickness of the interlayer is about 1 nm,

tunneling through this layer is non-negligible and can be

described as assisted by a decay of the effective density of

states, NC, from the silicon conduction band determined by

NC exp[−x0/λ ], where x0 is the distance from the SiOx/Si

interface to the trap and λ is a damping factor. A captured

electron can be transferred into the Si bulk by a two step

process, starting with a thermally driven mechanism to the

tunneling states at the energy level of the silicon conduc-

tion band edge. As long as the electric field is high enough,

this process is followed by tunneling into the silicon con-

duction band as depicted in Fig. 3. Emitting electrons from

the trap position will lower the electric field. The system
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Fig. 3. Two step emission path of electrons captured in traps

positioned in the transition region. The first step is thermal, to

decaying states from the silicon conduction band followed by tun-

neling to the silicon.

may, therefore, reach a situation where the electric field be-

comes too low for the second transfer step to occur, which

means that the emission process stops. As the tunneling

probability is very sensitive to the magnitude of the elec-

tric field, this termination may be very abrupt as we will

see in the experimental data following.

As long as the tunneling rate dominates, the bottleneck of

this process is the thermal electron emission rate, en, from

the trap to an effective density of states decreased by the

tunneling probability

en = σnvthNC exp

(

−
x0

λ

)

exp

(

−
∆E

kBT

)

, (1)

where σn is the capture cross section representing a local

transition from the tunneling state to the trap state, vth is

the average thermal velocity of electrons in the silicon con-

duction band, kB is Boltzmann’s constant and T is absolute

temperature. As will be described in detail below, using

thermally stimulated current (TSC) technique to determine

the emission rate, the temperature is linearly increased with

time during the measurement cycle. As the electric field, F ,

decreases due to the decrease of negative charge in the SiOx

layer, the energy distance ∆E will increase. In addition, the

temperature increase will move the Fermi level in the sil-

icon bulk to deeper energy in the band gap. For a given

applied voltage across the structure, this will lower the po-

sition of the silicon conduction band edge at the SiOx/Si

interface which will increase the voltage drop across the

interlayer and tend to decrease ∆E . Assuming, as a first

order approximation, that both these processes are linear

with temperature, we write

∆E = ∆E0 −αT , (2)

where ∆E0 is the energy distance between the silicon con-

duction band edge and the trap level extrapolated to T = 0 K

and α is a constant determined by the two competing pro-

cesses described above. Using Eq. (2) in (1), we get

en = σevthNC exp

(

−
∆E0

kBT

)

, (3)

where

σe = σn exp

( α

kB

)

exp

(

−
x0

λ

)

(4)

can be considered as an effective capture cross section, in-

fluenced by the changing energy level position and the tun-

neling probability. We notice that, measuring the emission

rate as a function of temperature and plotting this quantity

in an Arrhenius graph would give an activation energy cor-

responding to an extrapolation of ∆E to T = 0 K under the

assumption of linear conditions. However, this reasoning

does not take into account the properties related to local

molecular dynamics of the trap volume.

For a case like the oxygen vacancy, where the transition is

argued to be connected with a strong lattice relaxation [16],

the emission process would be influenced also by the vi-

bronic properties of the trap [21] and characterized by “hys-

teretic tunneling”, adding a simultaneous trap relaxation

and tunneling into the picture [22]. This would lead to two

additional pre-exponential factors in the expressions for the

thermal emission rate one originating from a possible ther-

mally activated σn:

σn = σ0 exp

(

−
∆U

kBT

)

, (5)

where σ0 depends on a combination of matrix elements

including electronic and atomic wave functions involved

in the process while ∆U is an activation energy originating

from the vibrational properties of the trap system [21], [23].

The second effect comes from the entropy factor [21],

[23], [24]:

Xn = exp

(∆S

kB

)

, (6)

where ∆S is the change in entropy due to the change in

vibrational frequency of the ionic part of the trap when the

electron is released. Hence, combining the effects of the

change in ∆E due to de-charging and those of a vibrating

electron-ion trap system, we find from Eqs. (1)–(6):

en = σ0 exp

(

−
∆U

kBT

)

exp

(∆S

kB

)

exp

( α

kB

)

×exp

(

−
x0

λ

)

vthNC exp

(

−
∆H0

kBT

)

, (7)

where the activation energy now is represented by an

enthalpy, ∆H0 = ∆E0 + ∆ST , including the heat, ∆ST ,

stored by the local vibrational modes [21], [23], [24].
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For this case the first factors in Eq. (7) make up an “effec-

tive” capture cross section, σe, which would be obtained

from an Arrhenius plot of the thermal emission rate, en:

σe = σ0 exp

(

−
∆U

kBT

)

exp

(∆S

kB

)

exp

( α

kB

)

exp

(

−
x0

λ

)

. (8)

As will be shown below, TSC results demonstrate in-

stabilities among the traps investigated in the HfO2/SiOx

transition region. This is most probably originating from

restructuring of the molecular arrangement around the trap

volume, thus changing the matrix elements for charge car-

rier transition involved in σ0 as well as quantities of the

vibrational properties reflected by ∆U , ∆S, and ∆H0 in

Eqs. (7) and (8).

3.2. Thermally Stimulated Current

When measuring TSC from traps in a MOS system [12],

the sample is first brought into accumulation at room tem-

perature followed by a temperature decrease to about 50 K.

During this procedure, traps at the interface and in the ox-

ide are filled by charge carriers. At the low temperature

point, the system is biased into deep depletion and a tem-

perature increase, linear as a function of time, is applied.

For an n-type semiconductor this gate bias is negative. As

long as the temperature is lower than about 200 K and the

total scanning time up to that temperature is shorter than

Fig. 4. (a) Theoretical plot of thermally stimulated current for

an activation energy of 0.13 eV, an effective capture cross sec-

tion of 10
−24 cm2 and a temperature scan rate of 20 K/minute.

(b) The integral factor in Eq. (9) as a function of temperature.

This function is close to 1 for the initial part of the curve in (a).

about 10 min, it should be noticed that, due to the low

temperature, an extremely low concentration of holes is

expected in the valence band of the silicon crystal. There-

fore, all de-charging processes observed as a TSC can be

expected to originate from electron exchange at the insula-

tor/silicon interface. The current created by emitted elec-

trons is expressed by [12]

i(T ) =
Cox

CS +Cox

qNT en exp

[

−

T1
∫

T0

β en(u)dU

]

, (9)

where Cox and Cs are the capacitances of the oxide and

the depleted semiconductor, respectively, NT is the surface

concentration of captured carriers and β is the scanning

rate of the temperature, linear in time, t, such that T = β t.

The function given by Eq. (9) is plotted in Fig. 4(a) for

an activation energy of 0.13 eV and an effective capture

cross section of 10
−24 cm2. Using the rather complicated

expression in Eq. (8) for parameter extraction from exper-

imental data is not practical. However, calculating the in-

tegral factor in this equation as a function of temperature,

for the same input data as used above, one finds the graph

shown in Fig. 4(b). It is noticed that the integral takes

a value close to 1 for the initial part of the TSC curve in

Fig. 4(a). Furthermore, as Cox ≫Cs for the deep depletion

conditions used in the experiment, this part of the experi-

mental data is proportional to the thermal emission rate en.

Estimating the total concentration, NT , of trap levels from

the area under the TSC peak, therefore, gives a possibil-

ity to find effective capture cross sections from Arrhenius

plots of en [12].

3.3. Experimental TSC Results on the HfO222/SiOxxx

Interface

Figure 5 shows experimental TSC data from electron emis-

sion at the transition region of an MOS capacitor with an

Al/HfO2/SiOx/Si structure like the one shown by TEM in

Fig. 2. Two important features can be observed in Fig. 5:

1) repeated measurement gives a different TSC peak po-

sition on the temperature scale;

2) the TSC curves are terminated before they reach

the maximum point of the theoretical curves (solid

curves) fitted to the experimental data.

These results are typical and occur for a large majority of

the present samples with HfO2 prepared by reactive sputter-

ing as well as for samples prepared by atomic layer depo-

sition (ALD) [25]. The observation (1), reveals an instabil-

ity of the traps as mentioned above in relation to Eq. (9).

Such instability after voltage stress under similar condi-

tions as in the present experiment, was observed also by

Bersuker et al. in [10]. The observation (2), can be inter-

preted as a result of the tunneling process involved in the

electron emission. During the emission process, the nega-

tive charge in the transition region, born by the captured
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Waiting time: 5 min, 1st

Waiting time: 5 min, 2nd

Theory

Charging at 2 V

Discharging at -3 V

Temp. ramp of 20 K/min

Temperature [K]

T
S

C
  [

A
]

B

A

50 10075 150 175
0.0

1.0

2.0

3.0

4.0

5.0

x10-11

125

Fig. 5. Experimental TSC data (points) for MOS structures with

HfO2 prepared by reactive sputtering compared with theoretical

calculations (solid curves) calculated from Eq. (9). Repeated mea-

surement gave rise to a shift of the TSC peak along the temper-

ature axis, reflecting structural changes of the emitting electron

traps. The activation energy for the curves A and B is 0.13 eV

and 0.16 eV, respectively, and the corresponding capture cross

sections are 6 ·10
−22 cm2 and 9 ·10

−21 cm2, respectively.

electrons, will decrease. This will decrease the electric field

driving the tunneling until the field strength is too weak for

continued emission. As the tunneling probability is very

sensitive to a change in electric field, the TSC will get an

abrupt termination as shown for the two curves in Fig. 5.

4. Single Charge Versus Dipole Charge

The recent increasing interest in the properties of high-k/

SiOx transition layers includes novel ideas about a pos-

sible occurrence of closely separated charge planes with

different polarities within this region [13]. It has been de-

scribed as dipole planes occurring as a result of oxygen

transfer across the interface between the high-k and the

SiOx material [14]. According to an idea proposed in [14],

such transition would take place from the material with the

highest surface density of oxygen atoms to that with lower

density. For transition metal oxides, like HfO2, this would

imply that oxygen is transferred from this material into

SiOx, creating interstitials and leaving oxygen vacancies

behind. As the relation between oxygen surface densities

of rare-earth metal oxides, like Gd2O3 and SiOx is the op-

posite, such transfer would instead go from the SiOx to the

high-k side.

The influence of a single negative charge and a dipole

surface on the conduction band relations for the metal/

HfO2/SiOx/n-type Si structure is depicted in Fig. 6. The

geometries are shown in Fig. 6(a), while Fig. 6(b) and

Fig. 6(c) show the charge relations and the conduction band

relations for an open circuit case and a short circuit case,

respectively. In order to demonstrate the specific influences

of these charge planes, we assume that no other charges

are present in the structure. Considering first the single

charge case in the left column of Fig. 6 for an open cir-

cuit case in Fig. 6(b), where the opposite positive charge

is assumed to exist at a long distance, the electron energy

of the whole structure is lifted in parallel in relation to

an earth plane. Short circuiting, as shown in Fig. 6(c),

will cause positive charge to appear at the metal gate and

in the depletion region occurring in the n-type semicon-

ductor. Compared with an ideal structure without charge,

an increased positive voltage, VFB, on the gate would be

needed to obtain flat-band condition for this case. Further-

more, VFB would increase linearly with increasing thickness

of the HfO2 layer.

Fig. 6. Illustration of (a) charge configuration, and conduction

band relations for (b) open circuit and (c) short circuit conditions

of a metal/high-k/SiOx/Si structure. The columns demonstrate

the conditions for a single charge plane (left) and a dipole plane

(right), respectively.

For a dipole layer at the HfO2/SiOx interface, as shown in

the right column of Fig. 6, under open-circuit conditions,

one would expect an electric field between the two charge

planes only (Fig. 6(b)). This would create a potential drop

in that domain, while constant potentials would occur out-

side the two planes separated by a voltage created inside

the dipole. Short-circuiting this structure gives rise to

a positive charge on the gate and a negative charge in
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the semiconductor, forcing the latter into accumulation con-

dition. These two charges are exactly equal and vary de-

pending on the HfO2 thickness in such a way that the sum of

the energy drops in HfO2 and in the semiconductor is con-

stant and equal to qVFB. In this case a negative VFB, equal

to the potential drop inside the dipole, is needed to obtain

flat-band conditions. However, contrary to the situation

with a single negative charge, the dipole combination would

give a VFB which is independent of the thickness of HfO2.

Such a behavior was indicated in [14] for HfOx/Six in-

terfaces.

The single charge case demonstrated by Fig. 6(a) offers

a model for straightforward explanation of the anomalous

TSC data as discussed in Section 3. The dipole case in

Fig. 6(b) likewise gives rise to an energy relation of the

conduction bands supporting electron injection into the sil-

icon and thus a TSC with similar behavior as that from

a single negative charge plane. Therefore, TSC does not

give direct information on which of these two charge con-

stellations is the source of current.

5. Discussion

In order to explain the saturating flat-band voltage and its

positive sign as observed in [12] when increasing the thick-

ness of HfO2, the idea put forward in [13] requires injec-

tion of negatively charged traps from the high-k side into

SiOx. This would give rise to a dipole directed in the op-

posite way to that discussed in relation to Fig. 6. Such

a model is not completely unproblematic. First, injecting

an oxygen ion from the HfO2 into the SiOx layer might

be expected to give rise to an interstitial, leaving behind

a vacancy in the HfO2. According to recent theoretical

results [15], [16], vacancies are amphoteric and act as

acceptors with energy levels at about 1.5 eV from the

HfO2 conduction band. They may therefore tend to be

filled by electrons from the silicon conduction band and

thus become negatively charged. On the other hand, the

donor levels connected with oxygen vacancies are expected

close to the middle of the bandgap of HfO2 and are most

probably occupied by electrons and neutral at voltages of

the flat-band values at about 0.5 V in [13]. The origin of

positive charge required on the HfO2 side, therefore, is

questionable.

A second problem with a dipole model may be the quan-

tity of charge needed to obtain VFB shifts in the range of

0.3 – 0.5 V as observed in [13]. As the thickness of the

SiOx layer normally is about 1 nm, the maximum value

for the distance between the two charge sheets of an as-

sumed dipole would be about that value. In order to achieve

a shift of 0.3 V, this requires a charge density of more

than 5 ·10
15q As cm−2. It can be compared with the charge

contained in the TSC curves of Fig. 5, which is in the

range of 10
13q As cm−2. Finally, the strongest argument for

a dipole model might be the saturating flat-band voltage.

However, this result does not uniquely lead to a dipole con-

figuration as shown in the following. Taking into account

the continuous character of the transition region, a satu-

rating VFB may result also from single charge condition.

Contrary to the assumption made in [13], the transition

from HfO2 to SiOx cannot be considered abrupt on length

scales in the range of a few nm. As noticed in Fig. 1,

the oxygen concentration increases with distance from the

silicon side due to diffusion into the silicon crystal. Simi-

lar behavior of oxygen concentration has been observed by

elastic recoil detection analysis (ERDA) studies on HfPrO

samples [26]. Therefore, it is reasonable to assume that the

concentration of oxygen vacancies decreases with distance

from the silicon side. Furthermore, assuming that thinner

HfO2 layers, due to the out-diffusion of oxygen to the sur-

face, also as observed in Fig. 1, have a lower decay of

vacancies, it is probable that they have a smaller decay in

concentration.

Fig. 7. (a) Assumed depth distribution of acceptor state volume

concentrations in the transition region for HfO2 with thicknesses

of 0.5, 1.0, 1.5 and 2.0 nm. The point x = 0 is at the HfO2

surface, while x = xh is at a reference point where SiO2 transfers

to suboxides. (b) The flat-band voltage as a function of HfO2

thickness for acceptor concentrations as shown in (a) with the

decay constant, α , varying as a function of xh as shown in the

inset of (b).

A theoretical example is shown in Fig. 7(a), where the

concentration of traps is plotted for different thicknesses as

a function of normalized distance from a defined reference

point in the transition region. Such a point could be the

one, where SiO2 transfers to suboxides. For simplicity, the

curves in Fig. 7(a) are exponential functions with decay

factors, α , decreasing with the thickness xh of HfO2, as
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shown in the inset of Fig. 7(b). Solving Poisson’s equation

for the functions in Fig. 7(a):

d2V

dx2
= −

ρ0

kε0

exp

(

−
xh − x

α

)

, (10)

where V is electrical potential, ρ0 is the volume charge den-

sity at the reference point, xh, ε0 is the dielectric permit-

tivity of vacuum and x is distance from the HfO2 surface,

we find VFB from the potential at x = 0 as

kε0

ρ0

VFB = −α

{

xh + α

[

1− exp

(

−
xh

α

)

]}

. (11)

The VFB normalized by the pre-factor in Eq. (11) is plot-

ted in Fig. 7(b) as a function of HfO2 thickness, xh. The

shape of this curve, with a tendency to saturate for increas-

ing, xh, was interpreted in [12] as a result of a dipole layer.

Figure 7(b) demonstrates that under assumptions based on

MEIS data, it is possible to obtain similar behavior from

a singly charged layer.

6. Conclusions

The theoretical TSC curves shown in Fig. 5 were calcu-

lated assuming an ensemble of electron states with one

common discrete energy level. The agreement between

the initial curvature of these graphs and the experimen-

tal data indicates that the majority of traps observed by

TSC have similar properties of their charge carrier statis-

tics and are positioned with limited spread in distance

from the silicon/SiOx interface. This excludes bulk traps

in the HfO2 as candidates and suggests a trap distribu-

tion concentrated at the HfO2/SiOx interface as depicted in

Fig. 7(a) for delivering electrons to the TSC. Also, TSC

peaks from states at the Si/SiOx interface are ruled out

by earlier experiments as they have been demonstrated to

occur at temperatures above 200 K, outside the scale of

Fig. 5 [12]. The extremely low values of capture cross sec-

tions in the range 10
−26 – 10

−19 cm−2, normally found by

TSC for this kind of experiments [11], [27], are explained

by the tunneling process needed for carrier injection into

the silicon substrate and the thermally activated process ex-

pected for carrier capture into oxygen vacancies [16]. Also,

taking into account the flexible structural network antici-

pated in the transition region, the shift of the TSC peaks

as shown in Fig. 5 may be assigned to the restructuring of

oxygen vacancy defects as discussed in Section 2.

The argument in [13], for the existence of a dipole plane

at the interface between HfO2 and SiO2 layers, was based

on the observation of flat-band voltage as a function of

the thickness of HfO2. It was shown that VFB saturated

to a near constant value when this thickness increases as

expected for a dipole charge and discussed above in con-

nection with Fig. 6. However, such a result is not unique

for a dipole. By assuming an oxygen vacancy distribution

in the high-k layer as estimated from MEIS data, we have

demonstrated in the present work that similar VFB depen-

dence may be the result of a single charge distribution. We

conclude, therefore, that more evidence is necessary before

the existence of a dipole layer occurring in high-k/SiOx

transition regions is confirmed.
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Channel Identification

Using Chaos for an Uplink/Downlink

Multicarrier Code Division Multiple

Access System
Miloud Frikel, Said Safi, Boubekeur Targui, and Mohammed M’Saad

Abstract—A scheme of chaotic spreading sequence for multi-

carrier code division multiple access system (MC-CDMA) is

proposed to estimate the transmission channel. This system

spreads spectrum and identifies the channel, simultaneously.

The proposed scheme uses a chaotic sequence generated by

a logistic map as a training signal and estimate channel pa-

rameters according to dynamics of the chaotic sequence. En-

coding data by chaotic sequences is first built and then the

orthogonal codes are used to spread the encrypted data for

multiusers scheme. At the reception, first the channel pa-

rameters are identified using a training chaotic sequence in

order to equalize the received data, and then the encrypted

information is decoded for the desired user. The studies re-

veal that the proposed system (chaos plus orthogonal codes)

significantly outperforms the Walsh-Hadamard code spread-

ing in MC-CDMA system. The performance of the system

is considered in the multiuser case by means of simulation.

The simulation result shows that the proposed chaotic code

spreading approach for channel identification achieves signifi-

cant improvement in the channel identification, comparing to

using others training sequence or the least square method.

Keywords—channel identification, chaos code, equalization,

MC-CDMA system.

1. Introduction

The chaotic signals have some properties such as broad-

band, orthogonality and complexity aspects, which moti-

vate researches in the area of communication and signal

processing to investigate if chaos based communication of-

fers advantages over classical communication systems in

the last years.

Potential applications of chaos resulting directly from those

aspects are spread-spectrum, multiuser communication, and

cryptography [1]–[4]. In chaotic communications, a chaotic

sequence is transmitted through the transmission chan-

nel [5]. If the channel is not ideal, which is often the

case in practice, the transmitted signal is corrupted before

it reaches the receiver. Hence, channel equalization is re-

quired to reduce the bit error rate of the receiver as small

as possible.

In many practical cases, channel parameters are unknown.

Hence, channel equalization must be performed from the

corrupted signal alone, and this is called the blind channel

equalization [6], [7]. In classical communication systems,

most of the channel equalization algorithms are based on

the statistical properties of the transmitted signal [8]. How-

ever, since a chaotic sequence is a deterministic signal,

the statistics-based equalization techniques will not achieve

optimum estimation accuracy for chaotic communication

systems because they do not take into account the inher-

ent properties specific to a chaotic signal. Various chaotic

blind identification and equalization techniques based on

different properties of the transmitted chaotic signal have

been developed recently [9].

The multicarrier code division multiple access (MC-

CDMA) system is based on the combination of code di-

vision multiple access (CDMA) and orthogonal frequency

division multiplexing (OFDM) [10]–[13] which is poten-

tially robust to channel frequency selectivity. Furthermore,

it has good spectral efficiency, multiple access capability

and it’s easy to be implemented with fast Fourier trans-

form (FFT). For the scheme based on a combination of

CDMA and multicarrier technique spreads the original

data stream over different subcarriers using a spreading

code in the frequency domain [14]. Indeed, in the past

decade, there is growing need for technological innova-

tions to satisfy the increase demand for personal wireless

radio communications. This technology must be able to

allow users to efficiency share common resources, whether

it involves the frequency spectrum and computational load.

That is why the MC-CDMA [14], the one of represen-

tative of the multicarrier techniques, has been considered

as a promising system for the next generation of wireless

communication. One large advantage of this technology is

its robustness in case of multi-path propagation, and it’s

capable to combat frequency selective fading, flexible to

generate different data rates and provides bandwidth ef-

ficiency [12].

Multicarrier systems are very sensitive to synchronization

errors such as carrier frequency offset and phase noise.

Synchronization errors cause loss of orthogonality among

subcarriers and considerably degrade the performance es-

pecially when large number of subcarriers presents. There

have been many approaches on synchronization algorithms

in literature [15]–[17]. MC-CDMA designed for multiusers

using the same channel, so the problem of channel identifi-

cation appears, in this paper we propose to encode chaoti-
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cally data before its spreading in order to use this sequence

for system identification.

2. Time and Frequency Domain

MC-CDMA System Description

In order to transmit data of a large number of users, the

frequency band should be, optimally, used. The objective

is to transmit, in simultaneous over the same channel the

maximum of information, so the use of multiplexing. In-

deed, in CDMA [15], the users have access, in the same

time, to the totality of the frequency band, in the receiver, to

distinguish between them, we use a different codes affected

for each user. That was possible thanks to the technique

of spectral spreading, in condition that the emitted signals

by different users have some proprieties allowing them to

separate.

In opposition of the other techniques of multi-access such

frequency division multiple access (FDMA) and time di-

vision multiple access (TDMA), where the capacity of the

number of users is limited by the frequency and time re-

sources, respectively, the number of users in CDMA is fixed

by the proprieties of used spreading codes [18]. That is

why the CDMA is an alternative to the others multiplex-

ing techniques to increase the re-use frequency factor and

eventually the spectral efficiency of communication sys-

tems. A different approach to further increase the system

capacity without allocating additional frequency spectrum

is the use of code multiplexing.

The MC-CDMA modulator spreads the data of each user in

frequency domain (we consider a binary phase shift keying

(BPSK) data), the complex symbol g j of each user j is,

firstly, multiplied by each chips c j,k of spreading code SCj,

and then applied to the modulator of multicarriers. Each

subcarrier transmits an element of information multiplied

by a code chip of that subcarrier.

We consider, for example, the case where the length Lc of

spreading code is equal to the number N of subcarriers.

The optimum space between two adjacent subcarriers is

equal to inverse of duration Tc of chip of spreading code in

order to guarantee the orthogonality between subcarriers.

The MC-CDMA signal is given by

s(t) =
N−1

∑
k=0

akcm,ke2iπ fkt
, (1)

where m is the user number.

Fig. 1. Chaotic MC-CDMA transmitter. Explanation: S/P –

serial/parallel.

We consider the channel invariant in time and characterized

by P paths of magnitudes βp and phase θp. The impulse

response is given by

h(τ) =
P−1

∑
p=0

βpeiθpδ (τ − τp) .

The relationship between the emitted signal s(t) and the

received signal r(t) is given by

r(t) = h(t)∗ s(t)+ n(t) ,

where ∗ is the convolution product and n(t) is the additive

white Gaussian noise (AWGN):

r(t) =

+∞
∫

−∞

P−1

∑
p=0

akβpeiθpδ (τ − τp)s(t − τ)dτ + n(t)

=
P−1

∑
p=0

akβpeiθps(t − τ)+ n(t) , (2)

where P is the number of paths.

The transmitter of the MC-CDMA scheme using both time

domain and frequency domain is shown in Fig. 1.

The discrete chaotic sequence is: χ = [a0, a1, ..., aN−1],
where N is the chaotic sequence duration.

Fig. 2. Binary phase shift keying data (a), spreaded by the

Walsh-Hadamard code (b), and by the chaotic code (c).

In Fig. 2, we represent an example of BPSK data spread

by the Walsh-Hadamard code and by the chaotic code.

In the following equation we represent an example of the

Walsh-Hadamard code C (e.g., for four users):

C = 







1 1 1 1

1 -1 1 -1

1 1 -1 -1

1 -1 -1 1









.
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In a system of M users the emitted signal through a channel

is given by

s(t) =
M−1

∑
m=0

N−1

∑
k=0

am[k]cm,ke2iπ fkt
. (3)

The received signal after passing through the channel is:

r(t) =
M−1

∑
m=0

P−1

∑
p=0

N−1

∑
k=0

am[k]βpeiθ gm,kcm,ke2iπ( f0+k/Ts)

×δ (t − τp)+ n(t) . (4)

At the reception, we demodulate the signal according to

N subcarriers, and then we multiply the received sequence

by the code of the desired user (Fig. 3). Equalization is,

then, applied to estimate the frame gm,k.

Fig. 3. Chaotic MC-CDMA receiver.

When there are M active users, the received signal is:

r(t) =
M−1

∑
m=0

N−1

∑
k=0

hm,kcm[k]am[k]cos(2π fct

+2πk
F

Tb

t + θm,k)+ n(t) , (5)

where the effects of the channel have been included in hm,k

and θm,k, n(t) is AWGN with a one-sided power spectral

density of N0.

We assume that m = 0 corresponds to the desired sig-

nal. With this model, there are N matched filters with one

matched filter for each subcarrier. The output of each fil-

ter contributes one component to the decision variable, ϑ0.

Each matched filter consists of an oscillator with a fre-

quency corresponding to the frequency of the particular

BPSK modulated subcarrier that is of interest and an inte-

grator. In addition, a phase offset equal to the phase dis-

tortion introduced by the channel, θm,k, is included in the

oscillator to synchronize the receiver to the desired signal

in time.

To extract the desired signal’s component, the orthogonal-

ity of the codes is used. For the kth subcarrier of the

desired signal, the corresponding chip, c0[k], from the de-

sired user’s code is multiplied with it to undo the code. If

the signal is undistorted by the channel, the interference

terms will cancel out in the decision variable due to the

orthogonality of the codes. As the channel will distort the

subcarrier components, equalization gain, g0,k, may be in-

cluded for each matched filter branch of the receiver.

Applying the receiver model to the received signal given

in Eq. (4) yields the following decision variable for the kth

data symbol assuming the users are synchronized in time:

ϑ0 =
M−1

∑
m=0

N−1

∑
k=0

hm,kcm[k]am[k]
2

Tb

(k+1)Tb
∫

kTb

cos
(

2π fct + 2πk
F

Tb

t

+θm,k

)

cos
(

2π fct + 2πk
F

Tb

t + ̂θ0,k

)

dt + η , (6)

where ̂θ0,k denotes the receiver’s estimation of the phase at

the kth subcarrier of the desired signal and the correspond-

ing AWGN term, η is given as

η =
N−1

∑
k=0

(k+1)Tb
∫

kTb

n(t)
2

Tb

cos(2π fct + 2πk
F

Tb

t + ̂θ0,k)dt . (7)

Assuming perfect phase correction, ̂θ0,k = θ0,k, the decision

variable reduces to

ϑ0 = a0[k]
N−1

∑
k=0

h0,k

+
M−1

∑
m=0

N−1

∑
k=0

am[k]cm[k]c0[k]hm,k cos(̂θm,k)+ η , (8)

where ̂θm,k = θ0,k −θm,k. If θ0,k and θm,k are i.i.d. uniform

r.v.’s on the interval [0,2π ], then ̂θm,k is also uniformly

distributed on the interval [0,2π ]. Note that the decision

variable consists of three terms.

The first term corresponds to the desired signal’s compo-

nent, the second corresponds to the interference and the

last corresponds to a noise term:

ϑ0 = ξin f + βint + η , (9)

where ξin f and βint are the terms of information and inter-

ferences, respectively, defined by

ξin f = a0[k]
N−1

∑
i=0

h0,k, (10)

βint =
M−1

∑
m=0

N−1

∑
k=0

am[k]cm[k]c0[k]hm,k cos(̂θm,k),

η =
N−1

∑
k=0

(k+1)Tb
∫

kTb

n(t)
2

Tb

cos(2π fct + 2π i
F

Tb

t + ̂θ0,k)dt .

The noise can be approximated by a zero-mean Gaussian

random variable with the following variance:

σ2

η = N
N0

Tb

E[g2

0,k] . (11)

3. Chaotic Codes

Chaos based communication systems qualify as broadband

systems in which the natural spectrum of the information
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signal is spread over a very large bandwidth [19]. This

class of systems is called spread spectrum communication

systems since they make use of a much higher bandwidth

than that of the data bandwidth to transmit the information.

Nowadays, pseudo-noise sequences such as Gold sequences

and Walsh-Hadamard sequences are so far the most popular

spreading sequences and have good correlation properties,

limited security and can be reconstructed by linear regres-

sion attack for their short linear complexity [20]. A chaotic

sequence generator can visit an infinite number of states in

a deterministic manner and therefore produce a sequence

which never repeats itself [4].

There is the flexibility in choosing the spreading gain as the

sequences can be truncated to any length. The search for

the best set of codes contributing reduced multiple access

interference (MAI) is still one of the severe requirements

of future MC-CDMA systems.

This chaotic spreading code is used before the use of an

orthogonal code for multiuser transmission. These chaotic

and Walsh-Hadamard codes have produced good result in

utility and reducing MAI [21].

A single system described by its discrete chaotic map

can generate a very large number of distinct chaotic se-

Fig. 4. The logistic map for (a) µ = 3.86 and x0 = 0.15, and

(b) µ = 3.96 and x0 = 0.15.

quences, each sequence being uniquely specified by its ini-

tial value [22]. This dependency on the initial state and the

nonlinear characteristic of the discrete map make the MC-

CDMA system highly secure. A chaotic map is a dynamic

discrete-time continuous-value equation that describes the

relation between the present and next value of chaotic sys-

tem. Let xn+1 and Xn be successive iterations of the out-

put x and M is the forward transformation mapping func-

tion. The general form of multidimensional chaotic map

is xn+1 = M(xn,xn−1, ...,xn−m). A simple logistic map is

given in the following equation:

xn+1 = µ(1− xn)xn (12)

and 1 ≤ µ ≤ 4, where µ is the bifurcation parameter and

the system exhibits a great variety of dynamics depending

on the value of µ (3.6 ≤ µ ≤ 6).

In Fig. 4 we represent logistic map for different constant

number µ .

Using logistic map the chaotic spreading sequences for the

BPSK system is generated. After assigning different ini-

tial condition to each user, the chaotic map is started with

the initial condition of the intended receiver and iterated

repeatedly to generate multiple codes.

4. Channel Identification Using Chaos

The goal of the equalization techniques is to reduce the ef-

fect of the fading and the interference while not enhancing

the effect of the noise on the decision of what data symbol

was transmitted. Whenever there is a diversity scheme in-

volved, it may involve receiving multiple copies of a signal

from time, frequency or antenna diversity, the field of clas-

sical diversity theory can be applied. These equalization

techniques may be desirable for their simplicity as they in-

volve simple multiplications with each copy of the signal.

However, they may not be optimal in a channel with inter-

ference in the sense of minimizing the error under some

criterion.

Before the equalization, the receiver estimates the chan-

nel parameters using a chaotic sequence χ of length N as

a training sequence, we assume that the channel is invariant

during a time Tp.

The information term is then given by

h = χ−1r(t). (13)

To simplify the formulation, we consider one user in this

system, instead of hm,k we use hk, the same with the equal-

izer parameters gm,k; so h = {h0,h1;h2; · · · ;hN−1}
T and r(t)

is the received data from the chaotic sequence transmitted.

We suppose that the receiver knows the transmitted chaotic

sequence χ by the transmitter based on the model of logistic

map Eq. (12). It is shown, from Eq. (13), that the channel

parameters can be easily estimated. So the equalization

term using equal gain combining (EGC) is given by

gk =
h∗k

| hk |
2
.
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The information is then equalized, from Eq. (10) we have:

ξin f = am

N−1

∑
k=0

hkgk. (14)

This technique does not attempt to equalize the effect of

the channel distortion in any way. This technique may be

desirable for its simplicity as the receiver does not require

the estimation of the channel’s transfer function. Using this

scheme, the decision variable of Eq. (9) is given as

ϑ0 = ξ
egc
in f + β

egc
int + ηegc (15)

with ξegc
in f = am and βegc

int =
M−1

∑
m=1

am[k]cm[k]c0[k]cos(̂θm,k),

where the noise can be approximated by a zero-mean Gaus-

sian random with a variance of: σ2

η = N
N0

Tb

.

5. Theoretical Analysis

5.1. Uplink Transmission

We analyze bit error rate (BER) of the proposed chaotic

MC-CDMA system. We have calculated the theoretical

BER for the classical equalizer EGC.

Below, some of the theoretical performance results obtained

are given:

σ2

β int = (M−1)Pm (variance of interferences)

and

σ2

η = N
N0

Tb

(variance of noise).

We have the general form of BER [14] :

BER =
1

2
erfc













0.5(
N−1

∑
k=0

hkgk)
2

σ2

β int
+ σ2

η













1/2

. (16)

In the case of EGC we have :

BER =
1

2
erfc













1

2
(

N−1

∑
k=0

hk)
2

(M−1)Pm + N
N0

Tb













1/2

. (17)

The objective is to find an approximation of h =
N−1

∑
k=0

hk.

In the limiting case of a large number of subcarriers,

(

N−1

∑
k=0

hk

)

can be approximated by the law of large num-

ber (LLN) to be the constant NE[hk]. The advantage of

using the LLN is that it requires low computational com-

plexity. Using the LLN simplifies the expression for the

probability of error to [14]:

N is large =⇒ γ0 =
N−1

∑
k=0

hk ≃ NE[hk],

BER =
1

2
erfc

1

2
N2 E2[hk]Tb

(M−1)PmTb + NN N0

)1/2

,

BER =
1

2
erfc

( π
4

N SNR

(M−1)SNR + N

)1/2

, (18)

where N is the number of subcarriers and M is the number

of users.

5.2. Downlink Transmission

Transmissions in the downlink, i.e., the transmission from

the base station to the terminals through the same channel.

In this section, we’ll use the notation of Eq. (8), and we

assume perfect phase correction for interference. The gen-

eralized decision variable given in Eq. (8), simplifies to

ϑ0 = a0[k]
N−1

∑
k=0

hkgk +
M−1

∑
m=0

N−1

∑
k=0

am[k]cm[k]c0[k]hkgk + η .

The used codes are orthogonal and the product, ck,ick, j is,

then, equal to 1 with the probability 1/2 and −1 with the

same probability for i 6= j:

ϑ0 = a0[i]
N−1

∑
k=0

hkgk

+
M−1

∑
m=0

am[k]
N/2−1

∑
k=0

hkgk −

N/2−1

∑
k=0

hkgk

)

+ η . (19)

6. Performance Analysis

In this section, the approximations for the BER using the

LLN is evaluated numerically. Using the expressions for

the BER obtained for uplink transmissions in a Rayleigh

fading channel, the average BER versus the number of

co-channel interferers with a spreading factor N = 128 is

shown in Fig. 5. To calculate the BER, it is assumed that

the local-mean power of each interferer is equal to the local-

mean power of the desired signal. The signal-to-noise ratio

(SNR), which is assumed to be 10 dB, is defined as

SNR =
p0Tb

N0

,

where p0 is the power of each user supposed equal for all

users.

From Fig. 5, we remark that we have, approximately, the

same BER results if we use both codes such as: orthogonal
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Fig. 5. Simulated BER of equalizers for chaotic MC-CDMA

system.

code and chaotic code, comparing to the results obtained

if we use only the orthogonal code. This result is very

interesting because the use of the chaotic code allows first

channel identification and this transmission is more secure

than the classical MC-CDMA as combine both the Walsh-

Hadamard and the chaotic codes.

7. Conclusion

´

Channel identification of a digital modulation technique

MC-CDMA was proposed. This technique is based on the

use of the chaotic sequence as a pilot frame. In fact, the

chaotic code given by a nonlinear system (in this paper we

have used the logistic map but other chaotic’s systems could

be used such Henon map, Róssler map, Lyapunov fractal,

Horseshoe map, . . . ) is known by the transmitter and the

receiver. These codes are very sensitive to the initial con-

ditions, so security depends on difficulty in finding these

parameters.

The EGC equalization technique was used after the chan-

nel identification to correct the channel’s distortion. The

performance of this technique, gauged by the average bit

error rate, was analytically and numerically evaluated. It

is demonstrated that the performance of MC-CDMA sys-

tem employing chaotic binary sequences can be superior to

that for conventional codes in terms of bit error prob-

abilities.
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The Design of 4×44×44×4 Multimode

Interference Coupler Based Microring

Resonators on an SOI Platform
Trung-Thanh Le and Laurence W. Cahill

Abstract—This paper would like to propose a novel micror-

ing resonator based on 4×44×44×4 multimode interference (MMI)

couplers. The device acts as two separate microring res-

onators just in one structure. The transfer matrix method and

the three dimensional beam propagation method (3D-BPM)

are used to verify the working principle of the device. The

device is then designed on silicon on insulator (SOI) technol-

ogy. This device may be a very promising building block for

optical switches, filters, add-drop multiplexers, delay lines and

modulators.

Keywords— integrated optics, multimode interference couplers,

optical logic gates.

1. Introduction

Microring resonators have been used as a basic building

block for optical signal processing applications such as op-

tical switches, filters, modulators, and add-drop multiplex-

ers [1]. Almost all of the reported works on microring

resonator structures have used directional couplers as the

coupling element [2]. In order to meet a variety of require-

ments for high-speed signal processing, the coupling coef-

ficient needs to be adjusted arbitrarily and the directional

couplers can meet this requirement. However, for appli-

cations requiring high quality factor Q of the resonators,

i.e., for high speed operation, the separations between two

waveguides in the directional coupler must be very small.

As a result, high loss due to conversion loss of modes is

occurred as shown in [3] recently. Moreover, the direc-

tional coupler has a large size and small fabrication toler-

ance. Therefore, multimode interference (MMI) couplers

are used in such structures instead of directional couplers

due to their advantages of compactness, ease of fabrication,

large fabrication tolerance and ease of cascaded integra-

tion [4].

A microring resonator based on a 2 × 2 MMI coupler was

demonstrated on silicon on insulator (SOI) channel waveg-

uides for the first time in [2]. However, the coupling ratios

of the conventional MMI couplers are very limited and

there are only four available coupling ratios 0:100, 50:50,

85:15, and 72:28 if using only one conventional MMI

coupler [5]. Therefore, it is highly desired to implement

the couplers with variable coupling ratios. To do so, the

common approach is to use Mach-Zehnder interferome-

ter (MZI) structures, in which phase shifters are added to

the MZI arms to control the phase of the propagation sig-

nals as shown in [6], [7].

In this paper, a novel microring resonator based on

4×4 MMI couplers is given for the first time. The most

interesting characteristic of the proposed device is that the

device acts as two separate microring resonators based

on 2 × 2 MMI couplers. The coupling ratios can be varied

by using two separate phase shifters for the two microring

resonators. In order to verify the working principle of the

device, the transfer matrix and beam propagation method

are used. The device is designed on an SOI platform.

2. Microring Resonators Based on

4 × 4 MMI Couplers

A microring resonator based on 4 × 4 MMI couplers

(MMI-MZI structure) is shown in Fig. 1. The two

4×4 MMI couplers have the same width WMMI and length

LMMI = 3Lπ
2

, where Lπ = π
β0−β1

is the beat length of the

MMI coupler. In order to make tunable devices, two phase

shifters ∆ϕ1 and ∆ϕ2 based on the thermo-optic effect are

used in the two arms. Alternatively, passive phase shifters

could be used to provide a desired (fixed) power splitting

ratio.

In order to analyze the device, the transfer matrix of the

identical MMI couplers needs to be derived first and then

the total transfer matrix of the device can be determined.

The 4× 4 MMI coupler can be described by a transfer

matrix [8]:

M4×4 =










m11 m12 m13 m14

m21 m22 m23 m24

m31 m32 m33 m34

m41 m42 m43 m44











, (1)

where mi j (i, j = 1, . . . , 4) are complex coefficients calcu-

lated by using the modal propagation method. At the length

L = 3Lπ
4

, the phases of the equal output signals at the output

waveguides can be calculated from

φi j = φ0 + π +
π

16
( j− i)(8− j + i), for i+ j even

and φi j = φ0 +
π

16
(i+ j−1)(8− j− i+1), for i+ j odd.

Here, input ports i (i = 1, . . . ,4) are numbered from down to

up and the output ports j ( j = 1, . . . ,4) are numbered from

up to down in the MMI coupler and φ0 = −β0LMMI−
π
2

is

a phase constant factor that is associated with the MMI ge-
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Fig. 1. The structure of a microring resonator based on

4×4 MMI couplers.

ometry and therefore can be neglected in the following

analyses.

The 4×4 MMI coupler at a length of L1 = 3Lπ
4

is described

by the following transfer matrix:

M4×4 =
1

2















−1 −e
j 3 π

4 e
j 3π

4 −1

−e
j 3 π

4 −1 −1 e
j 3π

4

e
j 3π

4 −1 −1 −e
j 3 π

4

−1 e
j 3π

4 −e
j 3 π

4 −1















. (2)

If the length is doubled to LMMI = 2L1 = 3Lπ
2

, a new

4×4 MMI coupler is formed and its transfer matrix is

Mnew =(M4×4)
2 =

1

2











1− j 0 0 1+ j

0 1− j 1+ j 0

0 1+ j 1− j 0

1+ j 0 0 1− j











. (3)

This matrix can be considered as consisting of two sep-

arate submatrices which describe two 2×2 the 3 dB MMI

couplers, both having the transfer matrix:

M2 =
1

2

[

1− j 1 + j

1 + j 1− j

]

=
1
√

2
e
− j π

4

[

1 j

j 1

]

. (4)

If two 4×4 MMI couplers are connected in the MZI struc-

ture of Fig. 1, then the relations between the complex am-

plitudes at the input ports and output ports can be expressed

in terms of the transfer matrices of the 3 dB MMI couplers

and the phase shifters as follows:

[

b1

b2

]

= e
j

∆ϕ1
2

[

τ1 κ1

κ∗
1

−τ∗
1

][

a1

a2

]

, (5)

where τ1 = sin(
∆ϕ1

2
) and κ1 = cos(

∆ϕ1

2
), (6)

[

B1

B2

]

= e
j

∆ϕ2
2

[

τ2 κ2

κ∗
2

−τ∗
2

][

A1

A2

]

, (7)

where τ2 = sin(
∆ϕ2

2
) and κ2 = cos(

∆ϕ2

2
). (8)

Therefore, the whole device can be viewed as consisting

of two independent microresonators having different power

coupling ratios as shown in Fig. 2. This means that two

independent switches and filters can be made by using this

structure.

Fig. 2. Two separate microresonators created from the

4×4 MMI structure: (a) microresonator using input ports 1 and 4,

and (b) microresonator using input ports 2 and 3.

Fig. 3. Two separate add-drop multiplexers based on microres-

onators using 4×4 MMI-MZI structures.

Another useful structure for implementing add-drop multi-

plexing functions is shown in Fig. 3, where the microres-

onator is coupled to a second MMI-MZI structure. The

coupling ratios can be controlled by the phase shifters.

Similarly, two independent add-drop filters can be obtained

from this structure.

3. Simulation Results and Discussions

In this section, in order to verify the working principle

of the devices, the three dimensional beam propagation

method (3D-BPM) [9], [10] is used to optimize the de-

signs for MMI devices. It is well known that the finite dif-

ference time-domain (FDTD) method is a general method
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to solve Maxwell’s partial differential equations numeri-

cally in the time domain. Simulation results for devices on

the SOI channel waveguide using the 3D-FDTD method

can achieve a very high accuracy. However, due to the lim-

itation of computer resources and memory requirements,

it is difficult to apply the 3D-FDTD method to the mod-

eling of large devices on the SOI channel waveguide.

Meanwhile, the 3D-BPM was shown to be a quite suitable

method [11], [12] that has sufficient accuracy for simulating

devices based on SOI channel waveguides [13], [14].

The waveguide structure used in the designs is shown

in Fig. 4. Here, SiO2 (n = 1.46) is used as the upper

cladding material. An upper cladding region is needed for

devices using the thermo-optic effect in order to reduce loss

due to metal electrodes. Also, the upper cladding region is

used to avoid the influence of moisture and environmental

temperature.

Fig. 4. Waveguide structure used in the simulations.

The parameters used in the designs are as follows: the

waveguide has a standard silicon thickness of hco = 220 nm

and access waveguide widths are Wa = 0.48 µm for sin-

gle mode operation. The refractive index of the silicon

core is nSi = 3.45. It is assumed that the designs are for

the TE (transverse electric) polarization at a central opti-

cal wavelength λ = 1550 nm. The width of the MMI is

WMMI = 6 µm. The access waveguide is tapered to a width

of Wt p = 800 nm to improve device performance.

The 3D-BPM simulations for a 4× 4 MMI coupler hav-

ing a length of L1 = 3Lπ
4

are shown in Fig. 5a for a signal

presented at input port 1 and Fig. 5b for a signal at input

port 2. The optimized length of the MMI coupler calcu-

lated by using 3D-BPM is L1 = 71.70 µm. The excess

loss calculated is 0.35 dB for both cases.

If two 4 × 4 MMI couplers with the same length of

LMMI = 3Lπ
4

are cascaded together, then a 4×4 MMI cou-

pler having a length of LMMI = 3Lπ
2

is formed. The transfer

matrix of this new 4×4 MMI coupler is given by Eq. (4).

The 3D-BPM will now be used to verify this prediction.

The 3D-BPM simulations for this 4× 4 MMI coupler are

shown in Fig. 6. The 3D-BPM simulations show that the

power splitting ratios for each MMI coupler used in these

microresonators are 0.42/0.43. The optimized length of

Fig. 5. The 3D-BPM simulations for a 4× 4 MMI coupler at

length L1 = 3Lπ
4

with input signal at (a) port 1 and (b) port 2.

Fig. 6. The 3D-BPM simulations for a 4× 4 MMI structures

with the signal at (a) input port 1 and (b) input port 2.

each MMI coupler is found to be LMMI = 141.7 µm. For

both cases, the excess losses are 0.7 dB and the imbalances

are 0.1 dB.

By connecting the above MMI structures (each MMI with

length of LMMI = 3Lπ
2

) together as shown in Fig. 1, double-

microresonators can be achieved. Phase shifters can be

introduced in the linking arms of the MZI structure in or-

der to vary the coupling coefficients of the couplers. For

example, if phase shifts of ∆ϕ1 = ∆ϕ2 = 0 are introduced

at the linking arms of the MZI, then the 3D-BPM simu-

lation (Fig. 7a) shows that the normalized output powers

(for signal at input port 1) at output ports 1, 2, 3 and 4

are 0, 0, 0 and 0.8, respectively. The computed excess loss

is 0.96 dB.

If phase shifts ∆ϕ1 = π
2

and ∆ϕ2 = 0 are introduced at the

linking arms, the 3D-BPM simulation for the signal at input

port 1 is shown in Fig. 7b. The normalized output powers

at output ports 1, 2, 3 and 4 calculated to be 0.41, 0, 0

and 0.39, respectively. The excess loss is 0.9 dB and the

imbalance is 0.2 dB in this case.
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Fig. 7. The 3D-BPM simulations of cascaded MMI couplers

used for the microresonator structure when the signal is at input

port 1 with (a) phase shifts ∆ϕ1 = ∆ϕ2 = 0 and (b) ∆ϕ1 = π
2

and

∆ϕ2 = 0.

The quality factor (Q) of a single microresonator based on

a 2×2 MMI coupler is given by [2]

Q ≈
πngLR

√
ατ

λ (1−ατ)
. (9)

Here, ng, LR, and λ are the group index, length of the

racetrack waveguide and wavelength, respectively. τ is

the transmission coefficient of the coupler. In order to

achieve a high Q microresonator, the coupling coefficient

|κ | =
√

α2 − τ2 needs to be small. Note that the bend ra-

dius also has a strong effect on the Q-factor. However, if

the bend radius increases, then the transmission loss will in-

crease, while the bend loss does not significantly decrease.

Here α2 is the power loss factor introduced by MMI cou-

plers and racetrack waveguides (including both bend loss

and transmission loss). By varying the phase shifts at the

linking arms, the power coupling ratios can be tuned.

The complete device presented in this paper is equivalent

to two separate 2× 2 MMI-based microresonators. Each

microresonator may have different transmission character-

istics such as different quality (Q), different free spectral

range (FSR), finesse (F) and different bandwidth (BW).

In the following examples, the Q-factors of the microring

resonators will be determined. Consider a 4× 4 micror-

ing resonator with following parameters: bend radii of the

first microring resonator and second microring resonator

(see Fig. 1) are R1 = 5 µm and R2 = 20 µm. If the 3 dB

MMI couplers with the same length of (LMMI = 141.7 µm

(Fig. 6) are used in the structure, then the calculated power

transmission coefficients are |τ1|
2 = 0.42 and |τ2|

2 = 0.42.

The estimated Q-factor for the first microring resonator

is Q1 ≈ 1000 and for the second microring resonator

is Q2 = 1650.

If two 4 × 4 MMI couplers having the same length of

LMMI = 141.7 µm are connected together in order to pro-

duce 2×2 tunable MMI couplers (Fig. 7), then power trans-

mission ratios of the two MMI couplers |τ1|
2 and |τ2|

2

can be varied by adjusting the phase shifts ∆ϕ1 and ∆ϕ2

in the linking arms, respectively. For example, if phase

shifts ∆ϕ1 = 0.9π and ∆ϕ2 = 0.5π , then the 3D-BPM

shows that the normalized output powers at output ports

1, 2, 3 and 4 are 0.7, 0, 0 and 0.1, respectively. The

calculated power transmission coefficients are |τ1|
2 = 0.7

and |τ2|
2 = 0.41. Therefore, the estimated Q-factors are

Q1 ≈ 4300 for the first microring resonator with bend

radius R1 = 5 µm and Q2 ≈ 2500 for the first microring

resonator with bend radius R2 = 20 µm.

It is interesting to note that provided that the phase shifters

operate with sufficient speed, functions of switching, mod-

ulating and add-drop multiplexing can be achieved in both

microresonators.

4. Conclusions

In this paper, we have presented a novel microring res-

onator structure based on 4× 4 MMI couplers. This de-

vice acts as two separate microring resonators. The design

of the device on the SOI platform has been presented by

using the transfer matrix method and the working princi-

ple is verified using the 3D BPM method. If the phase

shifters operate fast enough, then the device may be a very

promising building block for optical switches, optical mod-

ulators, and optical add-drop multiplexers.
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Percolation Driven Flooding

for Energy Efficient Routing in Dense

Sensor Networks
Gergely Vakulya and Gyula Simon

Abstract—Simple flooding algorithms are widely used in

ad hoc sensor networks either for information dissemination

or as building blocks of more sophisticated routing protocols.

In this paper a percolation driven probabilistic flooding algo-

rithm is proposed, which provides large message delivery ratio

with small number of sent messages, compared to traditional

flooding. To control the number of sent messages the pro-

posed algorithm uses locally available information only, thus

induces negligible overhead on network traffic. The perfor-

mance of the algorithm is analyzed and the theoretical results

are verified through simulation examples.

Keywords— flood routing, percolation, sensor network.

1. Introduction

Energy efficiency is a key question in wireless sensor net-

works made of large number of inexpensive nodes with

limited energy reserves and restrained processing and com-

munication capabilities. Such networks have been used in

a wide range of applications with various goals, using dif-

ferent platforms and technology [1]–[4]. Independently of

the nature of the application, however, certain middleware

services are always present, one of them being routing.

Limited resources on the sensor nodes require that routing

protocols be simple, energy-conserving and robust.

Depending on the actual deployment scenario and avail-

able hardware, several ad hoc routing algorithms have been

proposed. Location aware routing schemes, e.g., greedy

perimeter stateless routing [5], location aided routing [6],

distance routing effect algorithm [7] use position informa-

tion of the nodes obtained from global positioning sys-

tem (GPS) or other localization services. Other data cen-

tric schemes do not use location information, e.g., di-

rected diffusion [8], ad hoc on demand distance vector rout-

ing (AODV) [9], dynamic source routing [10], temporarily

ordered routing [11], or zone routing [12], just to name

a few. To allow sensor networks better cope with scaling,

hierarchical protocols were designed, e.g., low energy adap-

tive clustering hierarchy (LEACH) [13] and threshold sensi-

tive energy efficient sensor network protocol (TEEN) [14].

The simplest routing protocol is flooding [15], which is

a useful simple (but inefficient) protocol in itself, and also

is a building block for several more sophisticated algo-

rithms, e.g., directed flood routing [16], controlled flood

routing [17], tiny ad hoc routing [18], or AODV [9], which

is used in Zigbee’s routing protocol [19].

The basic flooding protocol is the following:

1. Start. When a source node intends to send a message

to all other nodes in the network, it broadcasts the

message to its neighbors.

2. Relay. When a node receives a message for the first

time, it rebroadcasts the same message to its neigh-

bors. All other copies of the same message, received

later, will be discarded by the recipient node.

Flooding naturally can be used in its basic form for network-

wide dissemination of information. In this context the im-

portant performance criteria of the algorithm are delivery

ratio, latency, and the energy efficiency. Flooding is also

used for route discovery [9]. Route discovery protocols

find a route from a source node to a destination node in

two phases. First the network is flooded by a discovery

request message originated from the source, and then a re-

ply message is sent back from the destination to the source

node. In this way the network learns the path from the

source to the destination and this route will be used in the

subsequent communication sessions. In this context the

quality – primarily the length – of the discovered route is

an important performance criterion as well.

Apart from its simplicity the main advantage of the flood

routing protocol lies in its robustness: the implicit redun-

dancy built in the algorithm provides resistance against

high degree of message loss and node failures as well. The

drawback of the algorithm is the large number of packets

transmitted in the network, referred to as broadcast storm:

whether it is necessary or not, each node will retransmit

each message. In a dense network the unnecessarily high

number of messages can cause frequent collisions (and thus

performance degradation) and it wastes network energy as

well [20].

To reduce the number of routing messages, probabilistic

variations of the flood routing were proposed. The main

idea behind these algorithms is that a node randomly de-

cides whether to forward a message or not. Several variants

of random flood algorithms were proposed. According to

the simplest protocol, a node will rebroadcast a message af-

ter its first reception with probability p and discards it with

probability 1− p (clearly, p = 1 results in basic flooding).

Test results verify what intuition suggests: higher p val-

ues provide higher network coverage than small p values.

Moreover, in sufficiently large and sufficiently dense ran-

dom networks there is an interesting bimodal behavior of
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the algorithm: if p > pc, where the critical probability pc

depends on the network topology, the message reaches

practically all nodes in the network, otherwise only a small

portion of the network receives the message. Thus the op-

timal choice clearly would be p = pc. Modified algorithms

try to further increase the performance by various modifi-

cations; e.g., premature message death can be avoided by

varying p as a function of hop-distance from the source:

nodes close to the source rebroadcast messages with higher

probability, while distant nodes use smaller p. A compre-

hensive study on random flooding algorithms can be found

in [15]. The common problem with these algorithms is

that the design parameters (probabilities) depend on ac-

tual network layout, no automatic or adaptive solution is

known. Especially in a network with varying node density

the probabilistic algorithms tuned to work reliably will be

suboptimal.

More sophisticated adaptive schemes can successfully han-

dle networks with varying properties as well. Location

based algorithms use node positions to optimize retrans-

missions [21], graph-based algorithms utilize connectivity

information up to 2-hop neighbors to construct a domi-

nating set in a distributed way [22]. Other heuristic rules,

e.g., message counters and neighbor coverage schemes were

also proposed [20]. These schemes can adapt automatically

to changing topology at the price of higher complexity.

Sensor networks are often modeled by the Poisson-Boolean

model. In this model nodes are scattered on the plane by

a Poisson point process with constant density λ , and each

node has a fixed communication radius r (disc model). Two

nodes can communicate with each other if their distance is

less than r. The Poisson point process applies reasonably

well to controlled, but still random deployments. The sim-

plistic disc model, however, is far from reality, where com-

munication range is not circularly symmetric, but rather

has an anisotropic shape. Speaking of connectivity, how-

ever, the disc model has an important property: it can

be considered the worst case model, since other transmis-

sion models provide easier percolation under similar cir-

cumstances [23].

Percolation theory [24] has important impact on wireless

communication networks. Results in continuum percola-

tion theory show that if the density of transmitting stations

(or alternatively, their communication power) in a Poisson-

Boolean network is greater than a critical value λc then

an unbounded connected component is formed with prob-

ability one (the network percolates) [23], [25]. On the

other hand, if λ < λc then all connected components are fi-

nite with probability one. Thus percolation is an important

property of a network if long distance multi-hop commu-

nication is required.

In this paper a new percolation inspired solution will be

proposed based on probabilistic flood routing algorithms.

The new algorithm adaptively sets the rebroadcast proba-

bility based on the network topology, using locally avail-

able neighborhood information only. The proposed algo-

rithm provides high performance with a low number of

messages and can adapt its behavior dynamically to the

network properties. The proposed algorithm is only

marginally more complex than the basic flood routing thus

it can be successfully used in applications with limited re-

sources as well.

The rest of the paper is organized as follows. In Section 2

related works will be summarized. In Section 3 the pro-

posed algorithm will be introduced. An important property

of the algorithm will be proven based on percolation theory:

every message broadcast in the network will reach infinite

number of nodes almost surely. In practice this property

ensures that the message reaches almost all of the nodes in

a finite-sized network. The performance evaluation of the

algorithm through simulation can be found in Section 4.

Conclusions are drawn in Section 5.

2. Related Work

Results of percolation theory have been applied to wire-

less networks, forming the theory of continuum perco-

lation [26]. More realistic network models, i.e., unreli-

able communication links and anisotropic radiation patterns

were studied in [23]. An important result of [23] shows that

the debatable disc model actually provides a conservative

estimate of the network connectivity: percolation in net-

works with disc communication shapes is more difficult

than in networks with any other convex communication

shape with the same surface (“discs are hardest” conjec-

ture). This property justifies the usage of the disc model

when connectivity issues are studied.

Results from percolation theory have been infiltrating var-

ious recent sensor networking algorithms. As a practical

application of this phenomenon, the distributed minimum-

link-degree rule was proposed to counterbalance local spa-

tial inhomogeneities in ad hoc networks [25]. To provide

network wide connectivity, the transmission powers of the

nodes are tuned so that each node has at least a minimum

number of neighbors.

In [27] a distributed energy saving mechanism is used by

switching the nodes in the network on and off, while pro-

viding percolation in the network. The simple rule for the

algorithm is to keep the active time ratio of the nodes larger

than λ/λc. This algorithm does not scale well since each

node in the network has to know the global parameter λ .

The idea was further elaborated in [28], where a practically

useable distributed algorithm was proposed for the control

of the active time ratio. In this algorithm only the local den-

sity, namely the number of neighbors is used. For a node

with degree k the active ratio ηk is defined as follows:

ηk =







φ

k
k > φ

1 k ≤ φ
,

where φ is a density independent design parameter. A sim-

ilar idea will be used in the proposed flooding algorithm.
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3. Percolation Driven Flooding

The idea behind the percolation driven flood routing is the

following: use probabilistic flooding and set the retransmis-

sion probability adaptively at every node so that with high

probability the message reaches almost all of the nodes in

the network.

The algorithm is the following:

1. The source node broadcasts the message with prob-

ability one.

2. After the first reception of a message node n rebroad-

casts it with probability pn, and discards it with prob-

ability 1− pn. Copies of the same message received

multiple times are discarded with probability one.

Probability pn is defined as

pn =







Kmin

Kn

Kn > Kmin

1 otherwise
, (1)

where: Kn is the degree of node n (i.e., the number

of neighbors of node n), and the Kmin design param-

eter is the required minimum number of neighbors.

Two nodes are neighbors if they can hear each other

(i.e., a symmetric link exists between them).

The algorithm requires neighbor discovery to determine the

number of neighbors. Each node can gather this local in-

formation by transmitting and receiving hello messages. In

practical situations parameter Kmin is chosen around 7, as

will be justified by the simulation examples.

Theorem 1: If in the infinite random network, generated

by a Poisson-Boolean process with density λ and commu-

nication radius r, there exists design parameter Kmin < ∞
independent of λ , such that when node n with degree Kn

transmits a message with probability according to Eq. (1),

then each message reaches infinite number of nodes with

probability one.

Proof : Let us denote the graph representing the network

by G(λ ,r,1) where λ is the density, r is the communication

radius, and the third parameter is a probabilistic value used

in the generator process (used and discussed later) and is

simply set to one at the moment. Using scaling, we define

another process with density λ ′ = λ r2 and communication

radius 1. This process yields the same graph G(λ ′
,1,1).

Now let us use the following Theorem 2 [28].

Theorem 2: Given G(λ ′
,1,1) with λ ′

> λ ′
c, there exists

2 < ϕ < ∞, independent of λ , such that when each node

with degree k is active with probability:

p(k) =

{ ϕ

k
k > ϕ

1 k ≤ ϕ
,

then G(λ ′
,1, p(.)) is percolated. The proof of Theorem 2

can be found in [28].

If in the network we decide before a particular message is

broadcasted which nodes will retransmit the message (when

they receive it) by activating/deactivating nodes with prob-

ability (1) we get G(λ ′
,1, p(.)). In this way we construct

a virtual network for each message and we can apply The-

orem 2 to it. Thus there exist Kmin = ϕ < ∞ so that G per-

colates. From this it follows that the message will reach

infinite number of nodes [24]. �

In real-world finite-size networks Theorem 1 means that

with an appropriate choice of Kmin each message reaches

practically all nodes in the network. Further properties

of the algorithm will be analyzed through simulation

examples.

4. Performance Evaluation

In this section the performance of the algorithm will be

evaluated through simulation results. First the performance

metrics and the network/communication models will be in-

troduced, followed by the simulation environment and the

simulation scenarios. Finally, the results of the simulations

will be presented to illustrate the behavior of the proposed

algorithm.

4.1. Performance Metrics

The main performance criteria of broadcast algorithms are

the message delivery ratio and the number of sent messages.

If the number of nodes in the network is N and the number

of nodes receiving the message is Nrec then the coverage

ratio is defined as Cr = Nrec
N

.

Clearly, Cr close to 1 is required for a good quality of

service.

Another quality metric is the total number of sent pack-

ets M while a message is propagated in the network. Triv-

ially, for basic flood routing M = N, if Cr = 1. We expect

lower number of messages and still high delivery ratio for

a good performance algorithm. For easier comparison, we

will use the normalized number of messages defined as

Mnorm =
M

N
.

If flooding is used for route discovery, an important perfor-

mance metric is the length L of the discovered route.

Other possible metrics are message delay/latency, length of

flood period, and number of collisions. The actual low level

details, e.g., implementation, hardware and media access

control (MAC) layer properties are not investigated in detail

in this paper, but their effect is examined through high level

parameters they have impact on, i.e., Cr, Mnorm, and L will

be studied.

4.2. Network Model

To model random deployment of nodes or possibly mobile

networks, in the simulations nodes are placed at random,

according to a uniform distribution on a two-dimensional

area. Finite communication distances are represented by

the disc model, where a communication link is assumed

to exist between two nodes if they are less than the com-

munication radius apart. According to the results published
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in [24], this – otherwise rather simple and idealistic – model

can be considered a worst case model.

Our communication channel model does not deal with

specific details of the physical layer or the MAC layer;

rather we use a probabilistic model: a message can reach

a neighbor within the communication radius with proba-

bility prec < 1. This high-level model represents message

losses due to collision, fading, or other disturbances as well.

The model does not distinguish between individual phe-

nomena but rather incorporates the different sources in one

parameter, thus some aspects of reality (e.g., inter-message

dependencies) are neglected, but the model is faithful

enough to provide useful and easy means for testing.

4.3. Simulation Environment

To perform high-speed simulation, a simulator was written

in C to validate the efficiency of the proposed algorithm.

The program places nodes randomly according to the dif-

ferent test scenarios considered. The number of nodes N,

the communication radius r, and Kmin are input parameters.

In each simulation, a new placement is generated, and

a source node starts transmission. The simulator returns the

size of connected component containing the source node,

the number of nodes receiving the packet, and the total

number of messages. Optionally, the software can visual-

ize the topology of the network, the active data paths, and

the nodes’ reception status.

4.4. Test Scenarios

In the test we used 3 different scenarios to model sensor

network setups. The first scenario is a random uniform

distribution (with constant density), while in the second

Fig. 1. Uniform random distribution scenario with 3000 nodes.

The average number of neighbors is 25. Thin and thick lines

show examples for the message paths between nodes A and B,

discovered by flood and percolation driven flood, respectively.

Fig. 2. The 3-density scenario. The average numbers of neigh-

bors in the regions from left to right are 20, 40, and 80. Thin

and thick lines show examples for the message paths between

nodes A and B, discovered by flood and percolation driven flood,

respectively.

Fig. 3. The circular scenario with 3000 nodes. The average

number of neighbors is 100 in the centre and 2 at the perimeter.

Thin and thick lines show examples for the message paths between

nodes A and B, discovered by flood and percolation driven flood,

respectively.

scenario we used three regions; in each region nodes were

placed with uniform random distribution, but with different

densities. In the third scenario the densitiy is increasing

towards the centre, thus there is continuous change and

extreme deviation in local density. Typical examples for

the test networks can be seen in Figs. 1, 2 and 3.
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4.5. Test Results

To test coverage ratio Cr and the number of messages M

we placed 3000 nodes in a square-shaped area, as shown

in Fig. 1.

We varied the communication radius to provide different

network densities: the average number of neighbors K was

set to 10, 30, and 100. The Kmin value varied from 1 to 20

in 0.25 steps. We run the simulation 100 times for each

communication radius, Kmin, and prec values, thus each

point in the subsequent graphs is the average of 100 exper-

iments.

Fig. 4. Coverage versus Kmin for different network densities

in the uniform distribution scenario (constant network density),

prec = 1.

Figure 4 presents coverage versus Kmin, while prec was set

to constant 1 (error-free communication). The graphs for

different network densities are similar: when Kmin is low

(Kmin < 3 ), the message delivery ratio is very low. If Kmin

is increased, the coverage is increasing very quickly, the

critical value being around Kmin ≈ 4.5. Coverage reaches

90% at Kmin ≈ 5. If Kmin > 7, practically all nodes in

the network receive the message. Figure 4 illustrates that

percolation driven flood can indeed be used in networks

with different densities: Kmin is independent of the actual

network density.

In Fig. 5 the normalized number of sent messages Mnorm is

shown versus Kmin, for the previous experiments. In case

of the conventional flood routing Mnorm = 1, because all

nodes relay the received message. As Fig. 4 illustrates,

Kmin > 7 gives almost perfect delivery ratio. Around this

value Kmin ≈ 7 the total number of messages is greatly

decreased, as presented in Fig. 5. Depending on the node

density, in the tests the total number of messages were

reduced by 30..95%, higher reduction rates belonging to

higher densities.

Clearly, in networks, where the average node degree K is

only slightly higher than Kmin the number of messages

can be decreased only moderately, while in dense net-

works a much lower number of messages is enough to pro-

vide good delivery ratio, as shown in Fig. 5. According

Fig. 5. Total number of messages versus Kmin for different net-

work densities in the uniform distribution scenario (constant net-

work density), prec = 1.

to Figs. 4 and 5, in dense networks the percolation driven

flood algorithm can effectively reduce the number of mes-

sage while maintaining good coverage.

Figure 6 illustrates the effect of unreliable communica-

tion links. In the experiment constant density (K = 30)

was used, while the prec reception probability was varied

between 0.3 and 1. The figure shows that the algorithm

Fig. 6. Coverage versus Kmin for different prec in the uniform

distribution scenario (constant network density), K = 30.

can provide high coverage even in the presence of bad

quality communication links, but as intuitively expected,

higher Kmin is necessary as the communication channel

degrades.

Figure 7 presents the associated number of messages for

the unreliable communication experiment.

Percolation driven flood routing algorithm is capable of

handling varying network densities. To test this property

we used the scenario illustrated in Fig. 2, where three

areas with different densities are present. Clearly, a con-

stant retransmission probability would either be suboptimal

(set to provide sufficient coverage in the less dense area
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as well) or would not provide good coverage in the sparse

regions of the network.

Fig. 7. Number of total messages versus Kmin for different prec

in the uniform distribution scenario (constant network density),

K = 30.

Fig. 8. Coverage versus Kmin for different network densities in

the varying network density scenario, prec = 1.

Figure 8 illustrates the effectiveness of the percolation

driven flood algorithm, showing the coverage versus Kmin

when the densities of regions from left to right were set

to [10, 20, 40], [30, 60, 120], and [100, 200, 400]; and

prec = 1. The behavior is quite similar to that of the first

scenario (constant density): percolation happens around

the same Kmin ≈ 5, and practically full coverage can be

provided if Kmin > 7.

The associated total numbers of messages are shown in

Fig. 9, where the gain with respect to the basic flooding

algorithm is apparent.

In Fig. 10 the number of coverage versus Kmin is illustrated

in the circular scenario. In the experiments the number of

neighbors varied between [120..4], [220..20] and [525..50],

respectively. The figure clearly presents the excellent per-

formance of the algorithm even if there are extreme differ-

ences in the number of neighbors of each node. The ideal

value for Kmin is around 7, in this case the algorithm gives

Fig. 9. Number of total messages versus Kmin for different net-

work densities in the varying network density scenario, prec = 1.

Fig. 10. Coverage versus Kmin for different network densities in

the circular scenario, prec = 1.

at least 95% delivery ratio. In case of Kmin = 8 practically

full coverage is provided.

In Fig. 11 the normalized number of messages is shown for

the three different density intervals. In case of Kmin = 8,

Fig. 11. Number of total messages versus Kmin for different

network densities in the circular scenario, prec = 1.
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Fig. 12. Distribution of the hop counts in the uniform distribution

network for different Kmin values, prec = 1.

the algorithm gives a gain of 55–95%, with respect to the

original flooding.

The length L of the discovered route is important when

flooding is used for route discovery. To test the properties

of percolation driven flooding in this respect we measured

hop distances discovered by flooding and percolation driven

flooding, for different Kmin values. In the tests the uni-

form distribution (constant density) scenario was used with

K = 35 and prec = 1. The source node was placed to the

center of the field and hop distances to all other nodes were

measured. The histogram created from averaging 100 in-

dependent experiments is illustrated in Fig. 12.

The distribution is linear for small hop distances. The ex-

planation is shown in Fig. 13 for the ideal case: messages

are propagated in belt-shaped increments. The areas of the

subsequent belts increase linearly, thus the number of nodes

in each belt is linearly increasing. If the node density is

smaller, the number of nodes in each belt is smaller, thus

the slope of the histogram will be smaller. According to

Fig. 12, smaller Kmin also causes decrease in the slope:

e.g., for Kmin = 9, the slope is 40% smaller than in the

basic flooding case. This means that the detected route is

40% longer than that of the basic flooding.

The declining part at higher hop distances is due to the

finite size of the network: the messages reach the network

Fig. 13. Ideal propagation of a message in a dense network.

Fig. 14. Distribution of the hop counts in the uniform distribution

network for different prec values, Kmin = 9.

perimeter and eventually die. The tail of the distribution

presents the maximum hop distance from the source, which

is in the square setup ideally
√

2 times the hop distance

measured at the maximum of the histogram.

The effect of unreliable links is shown in Fig. 14. The

histogram shows the average of 100 experiments conducted

in the uniform test scenario with K = 35, and prec = 0.4..1.

As intuitively expected, unreliable links cause smaller

slope, i.e., higher hop distances. For example, link quality

prec = 0.7 results in the increase of hop distance by 18%,

while for the rather unreliable link quality prec = 0.4 the

increase was as high as 63%.

As simulation examples show, percolation driven flooding

results in considerably higher hop distances than basic flood

routing when small Kmin parameters are used. Naturally,

low link quality also causes larger hop distances. This

effect may be an undesired side effect in route discovery

protocols, thus in these applications basic flooding may be

more advantageous.

5. Conclusions

A percolation driven flood routing algorithm was pro-

posed, which uses only locally available neighborhood

information to reduce broadcast storm. The algorithm is

able to massively reduce the number of messages in the

network and maintaining high delivery ratio at the same

time. Theoretical results prove the usefulness of the algo-

rithm: it is able to provide high coverage, if the network

density is high enough.

Simulation tests were performed to validate the perfor-

mance of the algorithm. The proposed algorithm reduced

the total number of messages in the network by 30–95%,

depending on the network density, while the coverage was

almost 100%, with appropriate choice of Kmin (Kmin > 7).

The percolation driven flood algorithm is adaptive to chang-

ing node density thus provides high coverage with low num-

ber of messages in all scenarios. The algorithm is robust

in the presence of unreliable links as well.
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According to test result, the percolation driven flood rout-

ing algorithm results considerably (even 50%) longer hop

distances when used for route discovery purposes.

The overhead of the algorithm is very low since only the

number of neighbors must be known by each node. This in-

formation can be gained by simple neighborhood discovery

protocols, e.g., sending and receiving hello messages.

For route discovery purposes the application of the tradi-

tional flooding is more advantageous, if the side effect of

the longer routes is undesirable. On the other hand, the

proposed algorithm is a superior and robust alternative to

traditional flooding algorithm in dense networks for mes-

sage dissemination purposes.
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A Microscopic Approach

for THz Intersubband Challenges
Mauro F. Pereira

Abstract—The main candidate to be a practical and low cost

high power THz source is the intersubband-based quantum

cascade laser, which can have a tremendous impact in many

practical applications, including last mile and indoor telecom-

munication systems. In this review we discuss current chal-

lenges for THz intersubband device development from a mi-

croscopic point of view. Next summarize the search for new

mechanisms and structure designs that can lead to intersub-

band gain without population inversion. This is a very im-

portant topic of current research, since is both an extremely

elegant phenomenon from the basic physics of view and crucial

for effective lasing in the THz range. The reason is that scat-

tering phenomena can lead to level broadenings of the same

order of magnitude of the lasing transitions, making popula-

tion inversion by carrier injection in upper lasing subbands

extremely difficult. Previous work in the literature is com-

pared and contrasted with a new scheme that may lead to

high temperature lasing by engineering the nonequilibrium

population inversion with a combination of band structure

and many body effects mediated by a k-space filter.

Keywords—band structure engineering, coupled valence bands,

intersubband laser, intersubband transitions, lasing without in-

version, terahertz radiation.

1. Introduction

Intersubband optics and the terahertz (THz) range of the

electromagnetic spectrum are the current frontiers in semi-

conductor science from both fundamental and applications

points of view. To date the exploitation of THz waves

has been largely underdeveloped due to the lack of a com-

pact coherent source; providing high output power prefer-

ably with continuous wave (cw) operation. This is despite

the huge potential THz technology has in a varied list of

applications; detecting tumours and skin cancers, pharma-

ceutical applications, detecting and discriminating different

explosive threat materials, environmental sensing and gas

monitoring, industrial process control, as well as applica-

tions in astronomy, semiconductor imaging, security and

medical imaging and telecommunication applications.

Due to the increasing demand for bandwidth it is expected

that THz communication systems will be developed in a few

years time. American and Japanese companies have already

taken the first steps in this direction. Short-range indoor

communication systems which work at carrier frequencies

of a few hundred gigahertz will represent the wireless local

area network (LAN) systems of the future. Such systems

could also solve the current “last mile telecommunication”

problem.

¨

As a matter of fact, the demand for bandwidth in wire-

less short-range communication systems has doubled every

18 months over the last 25 years and there is no reason to

expect that this trend would come to an end [1].

There are several different meanings for bandwidth and

here it means the rate at which information can be trans-

mitted over a given medium (telephone cables, cable TV,

microwave relays, fiber optics, satellite links, etc.) In gen-

eral the permissible bandwidth is about 0.1% to 1% of the

carrier frequency. This means that the available bandwidth

grows with the carrier frequency. In other words, the higher

the frequency, the greater the volume of information that

can be transmitted.

The current short-range communications systems Bluetooth

and wireless LANs will not be able to deliver the bandwidth

needed in 10 years because they operate with carrier fre-

quencies of only a few gigahertz and the same happens for

the currently emerging ultra wide band technology. Those

systems are limited to rates below 1 Gbit/s. Future systems

delivering data rates above 10 Gbit/s will have to work at

several ten or preferably a few hundred GHz and this will

require higher carrier frequencies. The use of bandwidth

is regulated in the USA up to frequencies of 300 GHz

with a window from 275 to 300 GHz which is reserved

for communications [2]. In Europe the allocation is the

same but ends at 275 GHz. In other words, there is free

communication bandwidth available above 275 GHz. Sys-

tems operating at those frequencies are already in the THz

range. Thus, compact and inexpensive devices emitting in

this range are required. The quantum cascade laser (QCL)

is a potential candidate.

The first mid infra red (MIR) QCL was demonstrated in

1994 by Faist et al. at Bell Labs [3] and the extension of the

QCL design to emission frequencies below the Restrahlen

band was achieved in 2002 when Kohler et al. [4] demon-

strated the first THz QCL, at 4.4 THz. Since then they have

achieved a maximum operating temperature of 186 K [5].

Even though intersubband emitters are the best candidate as

compact high power sources for THz radiation, a current re-

view of the field seems to indicate that conventional designs

for QCLs emitting at a given energy h̄ω appear to have an

maximum operating temperature Tmax ≈ h̄ω/kB [6]. Thus

attainment of room temperature operation seems unlikely

without external cooling. Dramatic progress can only be

achieved with deep understanding and unconventional ma-

nipulation of microscopic mechanisms.

Figure 1 illustrates some of the microscopic difficulties that

prevent current THz QCLs to operate at room temperature

at high output power. The most critical issue currently
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limiting THz QCLs as widely exploitable imaging sources

is achieving population inversion at high temperatures de-

picted in Fig. 1(a)–(d).

Fig. 1. Cartoon of the most critical issue currently limiting

THz QCLs as widely exploitable imaging sources is achieving

population inversion at high temperatures.

In Fig. 1(a), in contrast to the mid-IR case (left diagram),

for THz transitions (right diagram) the energy difference

between the lasing levels is not much larger than the level

broadening. The electrons can tunnel from the injector to

the upper or lower levels reducing population inversion.

In Fig. 1(b), in the right-hand diagram the temperature

is high. The upper subband is occupied up to electronic

states with sufficient energy to emit longitudinal-optic (LO)

phonons, and thus decay nonradiatively to the lower las-

ing level, reducing the population inversion. In Fig. 1(c),

thermal backfilling of the lower radiative state by carri-

ers from the injector states reduces population inversion at

high temperatures. In Fig. 1(d), at high temperatures be-

yond the peak bias level when the maximum achievable

current Jmax is reached, the injector and upper levels get

misaligned and the device ceases to operate.

2. Lasing Without Population Inversion

Lasing without inversion (LWI) is a new solution for pro-

ducing laser light and it has been achieved in gas and

semiconductor lasers, opening new possibilities for cleverly

sidestepping traditional difficulties of producing radiation in

both extremes of the spectrum: ultraviolet and x-ray las-

ing on the high energy side and far infrared (TERA-MIR)

in the low energy range. In a gas of atoms, laser light

buildup begins when a single photon, emitted by an atom in

a high-energy (excited) state, stimulates other excited atoms

to emit photons with identical attributes. Ordinary lasers

normally require the energy-intensive process of “popula-

tion inversion”, in which a majority of the atoms must be

excited into a high-energy state. Promoting atoms into ex-

cited states prepares them for participating in the laser pro-

cess, but it also serves to prevent them from soaking up the

light and thereby sabotaging the laser process.

However, maintaining a population inversion in ultraviolet

and x-ray lasers is extremely difficult because the high-

lying excited states necessary to produce such light are so

short-lived. To the best of the author’s knowledge, the

first demonstration of lasing without inversion appeared in

atomic optics and was based on quantum interference in

Rb atoms [7]. Previous experiments had produced nanosec-

ond bursts of light without population inversion, but the

paper [7] was the first to report a sustained laser beam

through LWI. In these experiments, an external laser beam

essentially creates two pathways for the atoms to get from

the ground state (|a〉) to the excited state (|b〉). In the ru-

bidium experiment, for example, the probability of getting

atoms from (|a〉) to (|b〉) becomes the overlap of the like-

lihood of getting from state (|a〉) to state (|b〉) directly and

going from state a to an even higher excited state (|c〉) then

decaying to state (|b〉). Under the proper conditions, the

overlapping likelihoods can interfere so as to cancel each

other out, preventing absorption. In other words, effective

LWI in atomic systems has been based on quantum interfer-

ence. Future goals are to achieve LWI in inexpensive diode

lasers (like those in CD players) and to produce x-ray and

UV light through LWI. Here we analyse a very different

scenario in intersubband emitters [8]–[10]. This may turn

out crucial in the search for room temperature THz QCLs.

The main reason for this is that dephasing and scattering

phenomena can lead to level broadenings of the same order

of magnitude of the lasing transitions, making population

inversion by carrier injection in upper lasing subbands ex-

tremely difficult, as depicted in the cartoons of Fig. 1.

The first experimental realization of intersubband lasers

without inversion exploited the nonparabolicity of the con-

duction subbands and local population inversion near k = 0

even though the lowest subband may have larger global oc-

cupation [10].

Later on, valence-band-based designs have been proposed

[11]–[13]. Intervalence band emitters based on Si-Ge struc-

tures have been investigated. However, lasing on quan-

tum cascade structures has never been demonstrated. Only

electroluminescence has been measured so far [14]–[16].

A complete set parameters required for predictive calcu-

lations of optical properties of Si-Ge devices is still not

known, although progress in this direction has been re-

cently achieved [17]. On the other hand, the material pa-

rameters for the III-V system investigated here are very well

known. This review complements the results given recently

in [18], [19] comparing and contrasting the results for two

different well widths.
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The following features are unique of the approach intro-

duced in [18] and were not found in previous studies in the

literature:

• The strongly k-dependent transverse-electric (TE)

transition is used to create a k-space filtering effect

that enhances the gain due to local population inver-

sion that arises due to the strongly nonparabolicity of

the valence bands.

• The nonequilibrium Keldysh Green’s function

method is used allowing the consideration of dephas-

ing effects.

• Detrimental cross-absorption due to multiple transi-

tions is taken into account.

Another useful feature of the approach is that simple sur-

face emitting designs can be constructed due to the TE

polarization of the emitted field.

3. Numerical Results and Discussion

Necessary conditions to obtain lasing without inversion ex-

ploiting nonparabolicity are that the upper conduction sub-

band should either have smaller effective mass or cooler

electrons. For unstrained GaAs-AlGaAs wells, even though

the conduction bands can be characterized by effective

masses (parabolic) “nonparabolicity” appears with differ-

ent effective masses per subband. And usually the lowest

band has a lighter effective mass. The valence bands in

contrast have typically lower averaged effective masses in

the upper lasing subband which is an advantage. However,

as the nonparabolicity can be in some cases so strong that

an effective mass does not make sense and the full disper-

sions must be used, which can complicate the numerical

calculations enormously, specially if many particle and de-

phasing effects are taken into account [18], [19].

The model system investigated in this paper is globally out

of equilibrium but the holes are assumed to be thermalized

within each subband with occupation functions character-

ized by different temperatures. The temperatures of the

electrons (or holes) in different subbands can be different.

This fact has as determined experimentally for conduction

band designs by means of microprobe photoluminescence

experiments [20]. It is a design challenge to cool the upper

subband electrons for more efficient lasing. Furthermore

the number of carriers in each subband in an intersubband

system depends on the injection scheme and can be cho-

sen independently of the temperature in simulations, see,

e.g., [18].

The results shown next are all for non-global inversion con-

ditions and GaAs/Al0.3Ga0.7As quantum wells. Only the

top two valence subbands 1 and 2 are occupied and in all

cases the lowest hole band has equal or more total carrier

density than the upper (lasing) hole subband, i.e., n2 ≤ n1.

Detrimental cross absorption due to higher (empty) hole

subbands is taken into account. Before proceeding fur-

ther the following point should be highlighted: very good

agreement with experiments has been obtained by consider-

ing electron-phonon and electron-impurity scattering as the

main origin of dephasing in mid infrared systems [21]–[23].

Interface roughness scattering also plays a role even in THz

systems, however, this effect depends on sample quality

[24], [25] and the inclusion of sample quality considera-

tions would be beyond the scope of this paper.

The nature of the main non-radiative channel between sub-

bands, which is crucial to the device performance, remains

a matter of controversy for THz systems. The typical en-

ergy spacing for one active region period is lower than

the optical phonon energy (36 meV in GaAs). Thus, op-

tical phonon emission may not always be the dominant

non-radiative mechanism unless the electrons are very hot.

Moreover, many-body effects (electron-electron scattering

resonances) have been observed in recent experiments for

THz QCLs operating in the quantum Hall regime [26].

Thus in the theoretical limit analyzed in this paper, the de-

phasing is due only to electron-electron mechanisms [27].

Consideration of other scattering channels will be the sub-

ject of future research.

The optical properties in which we are interested are calcu-

lated in our approach through the optical susceptibility, χ ,

which can be directly obtained from the Green’s function G.

The absorption α(ω) and gain spectra g(ω) = −α(ω) are

calculated from the imaginary part of the optical suscepti-

bility χ(ω) (see, [18]):

α(ω) =
4πω

cnb

ℑ
{

χ(ω)
}

, (1)

χ(ω) = 2 ∑
µ 6=ν,

~k

℘µν(k)χν,µ(k,ω).

Here nb denotes the background refractive index, c is the

speed of light, ℘νµ(k) = edνµ(k) is the transition dipole

moment between the subbands ν and µ , which are labelled

µ = 1,2, . . . from the top valence band. Thus in the dis-

cussion that follows, if holes are injected in the subband 2

and make a transition to subband 1 creating a photon, this

actually means that an electron made a transition from va-

lence subband 1 to subband 2 and will be called a (2,1)

transition.

The nonequilibrium steady-state susceptibility function

χν µ(k,ω) is evaluated through the carriers Keldysh Green’s

function G, whose time evolution is described by a Dyson

equation. The resulting integro-differential equation for

χν µ(k,ω) is solved numerically in this paper including

many body effects at the Hartree-Fock level, complex non-

parabolic band structure, correlation and dephasing mech-

anisms.

The numerical scheme used here can be summarized as

follows: the first step is the solution of the 8 × 8 k · p

Hamiltonian [27]. The Green’s functions and self-energies

are expanded using eigenstates and eigenvalues of this

Hamiltonian. Next, by assuming thermalized holes, the full

nonequilibrium Green’s function (NEGF) scheme is simpli-

fied and reduces to the self-consistent evaluation of chem-

ical potentials and self-energy matrix elements which lead
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Fig. 2. Comparison of occupation functions and transition dipole moments (symbols) in (a), (c) against gain spectra in (b), (d).

The two quantum wells considered have widths of 5 nm (a), (b) and 10 nm (c), (d). The wavenumber is presented in units of 1/a0,

where a0 is the 2D Bohr radius.

to subband energy renormalizations, dephasing constants

and occupation functions. Only carrier-carrier scattering

is considered here and details of the corresponding self-

energy are given in [27].

Finally, absorption and gain are given by the solution of

the integro-differential equation obtained from the carriers

Green’s function by numerical matrix inversion. The sus-

ceptibility function can be written as

χνµ(k,ω) = ∑
k′ 6=k

(

M
ν µ
kk′

)−1
℘νµ(k′)δnνµk′ , (2)

where
(

M
ν µ
k′k

)−1
is the inverse of

M
ν µ
kk′

=
(

h̄ω − eνµ(k)+ iΓνµ

)

δk,k′

+
(

1− δk,k′
)

δnνµkṼ
ν µ
k−k′

. (3)

Here δnνµk = nν(k)− nµ(k) denotes the nonequilibrium

population difference between subbands ν and µ . Further

details of the renormalized energies eνµ , electron-electron

scattering broadening Γνµ and the Coulomb matrix ele-

ments Ṽ
ν µ
k−k′

are given in [21], [27]. The role of the dipole

function ℘νµ(k′) as a k-space filter is then clear in Eq. (2).

The overlap of a strongly peaked dipole function exactly

where local population inversion δnνµk′ takes place en-

hances the gain without inversion effect as illustrated by

Fig. 2. More details of the numerical method are given

in [18].

Figure 2 compares and contrasts the occupation functions

and gain spectra for two different quantum wells. An impor-

tant remark should be made before analyzing the numerical

results. The gain spectra are inversely proportional to the

period length. The period used here is the quantum well

width, Lc = 5 nm or 10 nm consistently with the model.

In actual QCLs, the period is extended to include barriers,

injector, and collectors, and it can easily be at least 5 as

large. Since the number of photons emitted per period re-

mains constant this means that the gain spectra calculated

here are very high in comparison to what should be ex-

pected in actual QCL structures. Note, however, that the

qualitative analysis that follows is fully consistent with the

single quantum well model.

The occupation functions are given on the left and corre-

sponding gain spectra on the right panels for 5 nm (top) and

10 nm (bottom) GaAs-Al0.3Ga0.7As quantum wells. Only

the two top subbands are occupied and in both subbands

the electrons are thermalized at T = 300 K. In both pan-

els in the left the triangle symbols are the corresponding

transition dipole moments for the (1,2) transition respon-
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sible for the gain. The dipoles have been scaled in the

y-axis to fit in the plot. The solid curve is the occupa-

tion of the upper subband, fixed in all gain calculations

at n2 = 4 · 10
11 carriers/cm2. From bottom to top, the

dashed, dot-dashed and dotted curves are for increasing

lower hole subband total occupation density n1 = 4, 4.5

and 5 ·10
11 carriers/cm2.

The corresponding gain curves are easily identified on the

right and correspond to the densities in the second subband.

In other words, from top to bottom, the dashed, dot-dashed

and dotted curves are for increasing lower hole subband to-

tal occupation density n1 = 4, 4.5 and 5 ·10
11 carriers/cm2.

The gain decreases as the lower occupation increases. The

transition dipole moment, which has a strong filtering effect

in k-space is scaled to fit in the plots. Following intuition,

the gain decreases as the global occupation of the lower

band increases. The 5 nm quantum well leads to better

local inversion assuming that the same 2D density can be

achieved in both samples and leads to more robust gain

against increases in the lower subband carrier density.

However, in an actual structure it may be more difficult to

inject the same global density of electrons for 5 nm then

for 10 nm. More realistic calculations will be performed

with a new generation of our NEGFs simulator, which will

be capable of describing valence band cascaded structures

and will be the subject of future publications.

In summary, this manuscript reviewed a possible solution

for intersubband emitters that can lead to revolutionary de-

vices for the completely open field of THz telecommuni-

cations and many other applications.
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Impact of Signaling System

Performance on QoE in Next

Generation Networks
Jordi Mongay Batalla, Jarosław Śliwiński, Halina Tarasiuk, and Wojciech Burakowski

Abstract—The first experience of quality by multimedia ap-

plications’ users takes place during the setup phase of a new

connection. If the setup phase is not accepted or “slowly ac-

cepted”, the confidence of the user decreases. The user be-

comes more sensitive when he/she pays the connections with

assured quality of service (QoS). In this case, the process of

call request should be also accomplished with QoS guarantees.

This paper presents the signaling sub-system implemented

within the EuQoS system. The EuQoS signaling process fol-

lows main assumptions of next generation networks (NGN) ar-

chitecture and performs tasks related with codec agreement

between multimedia end users, admission control and resource

reservation functions. In this paper, we present analytical,

simulation and experimental results showing the impact of

signaling system performance on quality of experience (QoE)

for the potential users of multi-layer EuQoS system. In par-

ticular, the presented approach aims at ensuring user QoE of

the connection setup phase by ensuring QoS for transferring

signaling messages by the network.

Keywords—call setup delay, class of service, heterogeneous net-

works, next generation networks, quality of experience, quality

of service, signaling system.

1. Introduction

This paper deals with an impact of the signaling sys-

tem on user’s quality of experience (QoE) in next gen-

eration networks (NGN). In particular we focus on sig-

naling system and its procedures implemented within the

EuQoS1 project [1]. The aim of the EuQoS system [2], [3]

is to guarantee end-to-end quality of service (QoS) in

heterogeneous multi-domain networks. For this purpose

the EuQoS system combines a complete architecture and

a full framework [3] to provide absolute end-to-end QoS

guarantees for a number of end-to-end classes of service

(E2E CoS) [4], [5]. The architecture considers hetero-

geneous network scenario, addressing the multi-core IP

network, as well as, the current access network technolo-

gies, such as WiFi (wireless fidelity), xDSL (digital sub-

scriber line), LAN/Ethernet (local area network/Ethernet)

and UMTS (universal mobile communication systems).

Moreover, the generic architecture is open to add new net-

work technologies. The applications, for which finally QoS

1EuQoS – IST 6 FR EU project “End-to-end Quality of Service Support

over Heterogeneous Networks”.

is provided are, among others, voice over IP, video on de-

mand, data transfer, and interactive game. All of them

require call setup phase before data transfer.

The call setup phase is accomplished by the EuQoS signal-

ing system, which has been designed in compliance with

the ITU-T recommendations about signaling requirements

for IP QoS networks [6] and requirements for resource and

admission control functions, as defined in scope of NGN

activities [7]. The signaling system follows a “push mode”

approach of NGN architecture [8], i.e., the system requires

that in order to start the setup procedure [9], the applica-

tions must send resource reservation requests in an explicit

way to the control plane architecture.

The setup procedure starts at sending the calling user’s re-

quest to the system and finishes when receiving the cor-

responding response indicating that the new call can be

admitted and the called user is ready to initiate the connec-

tion. The time between these two events is well known as

call setup delay [10]. In [11], ITU-T imposes limitations

on expected values of setup delay. Among other require-

ments, it states that for international connections and under

normal load conditions [12], the setup delay for the 95% of

the setup procedures should be less or equal to 11 s.

In fact, the first experience of quality by the multimedia

application users takes place during the request of a new

call. If the request is not accepted or “slowly accepted”, the

confidence of the user decreases. The notion of QoE is al-

ready evolving. In the last years, the ITU-T Standardization

Group 12 (SG12) specified the QoE requirements as defin-

able end-to-end parameters, which provide information not

only about the network layer (as performed by the QoS pa-

rameters) but also about the transport and application layers

behavior [13].

We follow this notion of QoE and in our studies the de-

finable end-to-end parameter is the call setup delay as sug-

gested in [14]. The aim of this paper is to show the impact

of signaling system performance on setup delay in EuQoS

system based on NGN architecture.

In order to guarantee target values of call setup delay,

the system should dedicate some resources to the sig-

naling process (setup and release procedures). These re-

sources are both server and network resources. The server

resources are intended for the processing of the signal-

ing messages within the signaling servers, which manage

new calls. Whereas, the network resources are intended
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Fig. 1. The EuQoS system.

for transferring the signaling messages by the network be-

tween signaling servers. For reserving the necessary server

and network resources, we should correctly dimension the

signaling system. We propose to use the decomposition

approach, which separately considers three phases of the

signaling procedure in EuQoS system – all the operations

performed:

– at the application layer, it means in session initiation

protocol (SIP) proxies and authentication, authoriza-

tion and accounting (AAA) servers for, e.g., voice

over IP application;

– at the technology independent/technology dependent

layer (TI/TD layer), for performing the admission

control and resource allocation functions;

– at the network layer for transferring the signaling

messages by dedicated signaling CoS.

Since the above three phases are distributed in time,

i.e., they do not carry out simultaneously, we may enforce

delay constrains for each one, so that the sum of the delay

constrains of all the phases is less or equal to 11 s for the

95% of setup procedures. For illustration purposes, in our

analysis we assume that the target setup delay value intro-

duced by each of considered phases should be not greater

than 3.5 s for the 95% of setup procedures.

Let us focus on the first phase of setup procedure, i.e., the

operations performed at application layer. In previous stud-

ies of the EuQoS project [15], we obtained required per-

formance parameters for the involved SIP proxy devices,

which actually are less demanding than commercial ones.

In fact, based on the literature we can observe that the SIP

proxies are capable of running a high number of calls per

second. For example, CISCO SIP proxies is able to han-

dle about 100 call/s [16] and the direct routing approach

allows even higher rates [17]. In the same way, the current

AAA servers may manage until thousands of calls per sec-

ond, e.g., the host intrusion detection system (HIDS) v3.1

of HP [18]. Measurements of mean establishment times

of voice over IP calls related with AAA and SIP proxies

functions were presented in [19]. Under normal load con-

ditions, the mean establishment time is 0.94 s. Taking into

account the state of the art, in our studies we focus on

performance evaluation of the TI/TD layer and the trans-

fer of signaling messages by the network (signaling class

of service), which has been studied with less attention in

the literature. These processes are the center of our studies

in Sections 3 and 4, respectively. Previously, we present

main features of the EuQoS system in Section 2. Finally,

Section 5 summarizes the paper.

2. Overview of EuQoS System

The EuQoS system consists of three main layers, which are

application layer, technology independent/technology de-

pendent layer, and network layer as indicated in Fig. 1. The

signaling procedure to set up a new connection (e.g., voice

over IP) in the network is the following.

When any user sends a new call request to the EuQoS sys-

tem, this initiates security functions with the AAA server.
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These functions check if the user sending a call is au-

thorized to use the EuQoS system. Next, the SIP proxy

initiates the codec agreement with the called user. Af-

ter the codec agreement, the first resource manager (RM)

in the way checks whether the end-to-end QoS path to

the called user exists and could provide the QoS guaran-

tees required by the associated end-to-end CoS. The RM

in the access domain periodically receives from the QoS

routing protocol, the information about the QoS paths,

i.e., the end-to-end paths with predefined QoS guarantees

(in the form of target values for QoS parameters as IPTD,

IPDV, IPLR). The QoS routing protocol is an enhanced ver-

sion of border gateway protocol called EQ-BGP [2], [20],

which builds end-to-end QoS paths on multi-domain net-

work.

Afterwards, the system checks if, currently, there are

available network resources (bandwidth, buffer capacities)

to accept the call in consecutive domains. This is per-

formed by the admission control functions implemented

in resource managers and resource allocators (RA) as it

will be indicated in the next section. If the process posi-

tively concludes, the system (SIP proxy) sends an affirma-

tive response to the calling user allowing the communica-

tion.

Figure 1 presents the EuQoS signaling system, which is

divided into the servers involved in AAA functions, the

servers (SIP proxy) involved into the codec agreement and

the servers (RM and RA) involved into the admission con-

trol function and resource allocation. The last ones, in

turn, are divided into the servers, which are independent of

the network technology (RM) and the servers, which func-

tionalities depend on the network technology (RA). The

purpose of this specialization is to allow each domain for

custom implementation of its own QoS mechanisms with-

out requiring other domains to be aware of their specific

details.

Using the ITU-T terminology for NGN [21], [22], the SIP

proxy would fulfill the service control function (SCF) at

the service stratum; whereas, the resource manager and

resource allocator would carry transport control function

(TCF) at the transport stratum. The resource manager we

would call policy decision functional entity (PD-FE), which

is independent of the network technology and the resource

allocator we would call the transport resource control func-

tional entity (TRC-FE), which depends on the network tech-

nology.

A set of signaling elements (functions, databases, inter-

faces, etc.), as well as the signaling protocols involved in the

different signaling layers were defined and implemented in

the system. The diameter base protocol [23] communicates

the SIP proxy with the AAA server in the access domain;

the SIP protocol communicates end users and proxies, next

steps in signaling (NSIS) protocol [24] connects the RMs

and, at last, common open policy service (COPS [25]) com-

municates the RMs with the RAs and these ones with the

network devices.

3. Performance Evaluation

of TI/TD Layer

In this part, we analyze the impact of call handling scenario

and the processing of messages at TI/TD layer on the part

of the setup delay related to the TI/TD layer, which we

denote as Tti−td .

We focus on results of Tti−td only for simulation studies, be-

cause the prototype implementation of RM and RA servers

in the project was not optimized to take adequate conclu-

sions. We present details about the call handling scenario

at the TI/TD layer, a methodology to calculate Tti−td for

single and multi-domain scenario as well as the assumed

simulation model. The aim of our studies is to show how

many calls the system can handle respecting target values

of Tti−td (3.5 s for the 95% of setup procedures). In [15]

we presented simulation results of performance evaluation

on TI/TD layer. In this paper we enhance these studies

showing detailed simulation results of analyzed queuing

network.

Fig. 2. Call scenario for two domains (domain 1: RA1, RM1;

domain 2: RA2, RM2), one direction.

Figure 2 shows the horizontal (between RMs) and vertical

(between RM and RA) signaling exchange for the success-

ful setup of a call traversing two domains (domain 1 and do-

main 2). The call handling scenario is as follows: RM1 re-

ceives a QoS request and asks to the connection admission

control (CAC) module in RA1 if there are enough resources

to handle the new connection. If so, the requested resources

are reserved and RA1 sends a confirmation to RM1. Next,

RM1 forwards the QoS request to its peer RM2 and in

parallel sends a request to RA1 to actually allocate the

reserved resources in the associated access network equip-

ment. When RM1 receives the confirmation from both

RA1 and RM2, it replies to SIP proxy that the new call
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can be admitted. As we can see in Fig. 2 the call handling

scenario in RM2 and RA2 (i.e., in the egress domain) is

the same as in RM1 and RA1 (ingress domain).

When the path has more than two domains, the resources

are reserved also in transit domains. However, only the

ingress domain RM checks whether an end-to-end path

with feasible QoS exists. For bi-directional calls, the call

handling process is performed in parallel during the setup

procedure. So, in order to calculate the Tti−td for a suc-

cessful scenario, it is sufficient to simulate it only in one

direction.

Fig. 3. The RM and RA architecture and call handling scenario

for ingress domain calls and confirmations. Explanations: DB –

data base, UN – underlining network, 1,2 . . .39 task numbers,

C – confirmation task.

The detailed architecture of the RM and RA, together with

the tasks identifications (task ID) are presented in Fig. 3.

In the RM, the call controller (CC) receives QoS requests

and controls all the CAC submodules. The end-to-end CAC

(E2E CAC) is in charge of checking whether an end-to-end

path with feasible QoS characteristics actually exists (by

looking at its EQ-BGP routing information base). Then,

the CC asks the domain CAC to check the operator poli-

cies and to look for an intra-domain path. The domain CAC

has two submodules, one for the intra-domain part and the

other one for the inter-domain link. Finally, the RA con-

troller receives the QoS request via signaling module in-

terconnecting the RM with the RA signaling and service

negotiation (RA SSN). The RA controller runs a different

CAC algorithm for each CoS. The RA CAC algorithms

check the amount of available resources by querying the

RA data base (RA-DB) and decide about the acceptation

of the new call. If the call is accepted, the RA controller

asks the appropriate access network UN module to con-

figure its network devices for handling the new call. Dif-

ferent mechanisms must be configured depending on the

type of network device (IP router, LAN/Ethernet switch,

WiFi access point, etc.). Note that UN modules are in-

volved in the call handling process only in access domains.

For transit domains, resources are reserved basing only on

the decision of the RA CAC algorithm, and there is no dy-

namic configuration of resources in inter-domain network

devices.

We model the RM and RA architecture (Fig. 3) as the

queuing network shown in Fig. 4. The simulation model

is composed of a chain of servers, each one associated

to an infinite-length FIFO (first in first out) queue. We

distinguish eight types of servers: RM-CC (1), RM-DB (2),

RM-RA link (3), RM-RM link (4), RA-C (5), RA-DB (6),

RM-RA link (7), devices (8).

We assume that new calls and call acceptance confirmations

independently arrive to the RM according to Poissonian

processes with given mean arrival rates. Service processing

times are the following deterministic values:

– RM-CC, RA-CC: tRM−CC = tRA−CC = 100 µs;

– database access in the RM and RA: tRM−DB =
tRA−DB = 1 ms;

– RM-RA link, RA-RM link, RM-RM link: tRM−RA =
tRA−RM = tRM−RM = 1 ms;

– access to the device: tDEV = 600 ms (WiFi) and

tDEV = 100 ms (IP).

The processing times for WiFi and IP devices are based

on test bed network equipment (LINKSYS WiFi access

point WRT54G, CISCO 1841 router or Linux router ker-

nel 2.6.18 IMQ). For other elements as call controllers or

data bases, we tried to infer the expected processing time

based on today’s high speed servers.

We consider three event types in the simulation model:

new call arrival, new confirmation arrival, and departure

of a task from a server. Arrivals and confirmations invoke

a sequence of tasks, whereas, the departure of a task from

one server determines its arrival to another server. Fur-

thermore, we distinguish call events processed at ingress,

transit or egress domains. The maximum number of tasks

is performed when processing calls at the ingress domain,

since the E2E CAC is checked. Fewer tasks are required to
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Fig. 4. The RM and RA for the ingress domain – simulation model.

process confirmation arrivals. The mean call arrival rates

are λingress, λegress, λtransit , and the mean arrival rate of con-

firmations for ingress and transit domains are λcon f−ingress

and λcon f−transit . Due to space limitations, we only present

events related to ingress domain.

Note that, in these simulations, we do not model the state

machine of NSIS or COPS (see Fig. 2). The detailed mes-

sage exchange of NSIS is modeled in simulation studies of

signaling class of service (see Section 4). For COPS pro-

tocol, we model its performances by tRM−RA, tRA−RM times

only.

The above simulation model has been coded in a discrete

event simulator written in C++. Each event is represented

by the quadruple <Sequence ID, Task ID, Server ID, Pro-

cessing time>. The Sequence ID denotes whether the event

is a call or a confirmation arrival.

We begin our studies with single domain performance eval-

uation. In particular, we simulate two scenarios. First, we

assume that the single access domain handles both ingress

and egress calls and confirmations assuming λingress =
λegress = λcon f . We simulate WiFi and IP access domains

in isolation. For each test we vary the call and confirma-
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Fig. 5. Multi-domain call handling scenario with m domains, where m = 2+n, 2 access domains and n transit domains.

tion arrival rates up to the 95% resource utilization of the

RM-RA elements (in this case the bottleneck element is the

device itself).

In the next step, we analyze performances of single transit

domain assuming that RM and RA handle only transit calls

and confirmations assuming λtransit = λcon f ; in this case the

bottlenecks are RM-DB and RA-DB, it means the access

to the databases.

Finally, based on the results obtained for single

ingress/egress and transit domains, we are able to calcu-

late the quantiles of Tti−td for a multi-domain scenario

(see Fig. 5).

For this purpose we distinguish among the following se-

quences of tasks performed by RM and RA in the ingress

domain:

– S1ingress: resource reservation tasks in RM1<−>RA1

performed before forwarding the request to the

next RM;

– S2ingress: tasks in RM1<−>RA1<−>DEV1, i.e.,

resource allocation tasks;

– S3ingress: RM tasks invoked by confirmation arrival

from neighboring domain.

Thus, we define the delay Tti−td as follows:

Tti−td = tS1

ingress

+max

{

tS2

ingress,
(

n · ttransit + tegress + tS3

ingress

)

}

, (1)

where tS#

ingress is the delay introduced by sequence S#, tegress

is the delay in the egress domain, n is the number of tran-

sit domains, ttransit is the delay introduced by a transit do-

main.

Based on the detailed simulation results obtained for single

domain scenarios (for ingress/egress and transit) we can

derive:

tS2

ingress < tS3

ingress + tegress + n · ttransit. (2)

By applying (1) and (2) the Tti−td is calculated:

Tti−td = tS1

ingress + tS3

ingress + tegress + n · ttransit. (3)

In our studies, we calculate results when the access domain

are both WiFi or both IP. The Tti−td quantiles for 2, 10 and

20 domains is presented in Figs. 6–8.

In particular, Fig. 6 shows the results for two WiFi and two

IP access domains. For both scenarios, the curves show

a significant difference between the delays obtained for the

two technologies. With reference to the 3.5 s target for the

0.95-quantile of Tti−td , we observe that, in WiFi, λingress,

λegress, and λcon f should not exceed about 0.6 call/s. In IP

domain, the limit is about 4.75 call/s. For scenarios with

10 and 20 domains we assume that two domains are access

domains while the others are transit domains.

Fig. 6. Quantiles of Tti−td for 2 WiFi or 2 IP domains versus

λingress (λingress = λegress = λcon f ).

Figures 7 and 8 show the quantile values of Tti−td for WiFi

and IP access domains, respectively. The transit call rates

are 233 or 300 call/s in each transit domain. The results

show that the number of transit domains has smaller impact

on the Tti−td than the transit call arrival rate. Moreover,
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acceptable call arrival rates are larger for IP access domains

than for WiFi.

Fig. 7. The 0.95-quantile of Tti−td for 2 IP access domains versus

λingress (λingress = λegress and λingress = λcon f ).

Fig. 8. The 0.95-quantile of Tti−td for 2 WiFi access domains

versus λingress (λingress = λegress and λingress = λcon f ).

Figure 9 shows some characteristics of the transit RM and

transit RA. In particular, we collected characteristics of

server utilization, mean delay in the queues, and mean

queue sizes. As we can observe, the main bottlenecks of

RM and RA elements for transit domains are RM-DB and

RA-DB servers. The characteristics of these two servers

are very close to each other.

Concluding, the signaling system at the TI/TD level is able

to handle about 300 call/s in transit domains and it cor-

rectly scales with the number of transit domains (for values

of 10 and 20 transit domains). An important open point is

the call arrival process for NGN multi-service networks.

Fig. 9. Transit domain characteristics: (a) utilization of RM

and RA servers, (b) mean delay, and (c) mean queue size for

RM and RA elements versus transit call arrival rates (λtransit )

λtransit = λcon f−transit .

In these studies, we commonly considered telephony arrival

model only but, in further studies, we are also facing up

multi-service models.
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Fig. 10. Model of the EuQoS signaling system.

4. Performance Evaluation

of the Signaling Class of Service

At the network layer we propose to implement the signaling

class of service. The IETF document [4] defines, among

others, the signaling class of service (S-CoS) designated

to carry signaling traffic related with setup and release pro-

cedures. The objective of the S-CoS is to ensure target

values of the part of the call setup delay related to the

transfer of the signaling packets. We call this delay as

transfer packet call setup delay or briefly Ts delay. We

expect to obtain target values of Ts delay by transferring

the signaling packets with adequate quality of service ex-

pressed in target maximum IPTD. In fact, according to [4]

we can assume that the S-CoS tolerates the delay variation

of the signaling traffic. One of the solutions to guaran-

tee the QoS objectives for the signaling traffic is a correct

resource provisioning [26].

For the aim of provisioning the S-CoS, we investigate the

bottlenecks within the signaling path. The bottlenecks are

the slowest links [27] in whose entrance packets of different

setup procedures gather and where we should provision

appropriate resources for each of the setup procedures.

To compute the necessary amount of bandwidth within the

S-CoS for one setup procedure, we propose to ensure the

same maximum IPTD (maxIPTD) in all the bottlenecks

along the path. From the knowledge of the sizes of packets

submitted to each bottleneck, and more precisely from the

length of the longest burst of packets of the setup procedure

submitted to each bottleneck we obtain the maxIPTD for

1 isolated setup procedure as (4)

max IPT D = length o f longest packet burstbott 1×8

Cbott 1
= . . .

= length o f longest packet burstbott i×8

Cbott i
. (4)

The value of Cbott i indicates the necessary amount of

bandwidth for one setup procedure in the bottleneck i of

S-CoS.

The equation, which completes the consistency of the sys-

tem of linear equations presented in (4), comes from the

value of Ts delay. In fact, we defined that the setup proce-

dure should finish in a time equal to 3.5 s as presented in

equation:

Ts delay = ∑
all bottleneck s

∑
all packets in bottleneck

packet length×8

Cbott i

.

(5)

In the EuQoS system we assume that bottlenecks only may

appear at the exit of SIP proxies and next inter-domain bor-

der routers as presented in the model of Fig. 10. Therefore,

we consider only SIP and NSIS traffic, which is the unique

signaling traffic in these bottlenecks.

As we may deduce from Eqs. (4) and (5), the necessary re-

sources for signaling traffic (Cbott i) depend on the message

sequence. Figure 11 shows the setup message sequence

in the EuQoS system for which we implement the S-CoS.

The lengths of the packets referred in Fig. 11 do not con-

sider user data protocol (UDP), IP and link layer headers.

Based on the above setup message sequence and assump-

tions and by the way of example, we will present further

down simulation and measurement results.

Since packet losses cause retransmissions and, as an unde-

sired result, increase delay of the whole setup procedure,

we provision the buffer resources to ensure no losses in

the queues (IPLR = 0) over normal operation of the net-

work (no link failures). Since the biggest burst of packets

in one setup procedure (EuQoS system) contains 2 packets

(see Fig. 11) in the direction from calling to called and

3 packets from called to calling, then, the buffer size for

M simultaneous setup procedures should equal 2×M pack-

ets in the calling-to-called direction and 3×M packets in

the opposite direction.
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Fig. 11. SIP and NSIS message sequence in EuQoS system.

Let us remark that the transport protocol used to carry the

signaling messages is not excessively important since, by

provisioning the buffers, we assume no losses. Anyway, if

we transport the signaling messages using the UDP proto-

col, we have to pay attention to the retransmission timers of

the signaling protocols because these values are manually

set and do not consider the round trip time (RTT) values

of the network. The SIP protocol defines the default value

of the retransmission timer equal to 500 ms when we use

UDP protocol [28; Section 17.1.1.1]. The timers in the

calling user will stop when the messages and its responses

cross the whole network. This time is usually higher than

500 ms, so, such a value of retransmission timer results in

the unnecessary retransmission of signaling packets (pack-

ets are not lost). This could cause a dangerous overload

of the S-CoS. Therefore, in EuQoS implementation, we set

the default values of SIP timers over UDP to 3 s.

4.1. Evaluation by Simulations

The performed tests aim at validating the proposed provi-

sioning method to ensure target Ts delay. In our simulations

we assume the same model as presented in Fig. 10. More-

over, we assume that the value N is equal to 5, this implies

5 servers and 25 terminals in each access network. The

terminal i of the access network 1 (AN1) initiates a setup

procedure with the terminal i of the access network 2 (AN2)

and also the terminal i of the AN2 initiates another setup

procedure with the terminal i of the AN1. All the termi-

nals (50) initiate setup procedures at the same time and

when the setup procedure corresponding to the terminal i

finishes, then, the terminal i instantly initiates a new setup

procedure. This is the worst-case scenario because finally,

any new setup procedure finds the system full. Note that,

in a real scenario, the setup procedures randomly arrive to

the system and may find the system not completely full.

Therefore, the values of Ts delay presented in these simu-

lations are the upper bound.

Table 1

Bottleneck link capacity for 1 unique setup procedure

Initiated in AN1

C [kbit/s] C1 C2 C3 C4 C5 C6

bott#1–bott#6 38.3 32.3 49.6 32.3 38.3 42.3

bott#1–bott#4 28.7 24.2 37.2 24.2 – –

bott#1–bott#2 15.8 13.3 – – – –

Initiated in AN2

bott#1–bott#6 32.3 38.3 42.3 38.3 32.3 49.6

bott#1–bott#4 21.4 25.3 28.0 25.3 – –

bott#1–bott#2 13.3 15.8 – – – –

Table 2

Bottleneck buffer size for 1 unique setup procedure

Initiated in AN1

B [packets] B1 B2 B3 B4 B5 B6

bott#1–bott#6 2 3 2 3 2 3

bott#1–bott#4 2 3 2 3 – –

bott#1–bott#2 2 3 – – – –

Initiated in AN2

bott#1–bott#6 3 2 3 2 3 2

bott#1–bott#4 3 2 3 2 – –

bott#1–bott#2 3 2 – – – –
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Table 3

Link capacities for 25 setup procedures initiated in AN1 and 25 initiated in AN2 (values set in the simulation scenario)

C [kbit/s] C1 C2 C3 C4 C5 C6- - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - -
B [packets] B1 B2 B3 B4 B5 B6

25×(38.3+32.3)= 25×(32.3+38.3)= 5×(49.6+42.3)= 5×(32.3+38.3)= 5×(38.3+32.3)= 5×(42.3+49.6)=
bott#1–bott#6 1765.0 1765.0 459.5 353.0 353.0 459.5

- - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - -
25× (2+3) = 125 25× (2+3) = 125 25× (2+3) = 125 25× (2+3) = 125 25× (2+3) = 125 25× (2+3) = 125

25×(28.7+21.4)= 25×(24.2+25.3)= 5×(37.2+28.0)= 5×(24.2+25.3)=
bott#1–bott#4 1252.5 1237.5 326.0 247.5 100 000 100 000

- - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - -
25× (2+3) = 125 25× (2+3) = 125 25× (2+3) = 125 25× (2+3) = 125 125 125

25×(15.8+13.3)= 25×(13.3+15.8)=
bott#1–bott#2 727.5 727.5 100 000 100 000 100 000 100 000

- - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - - -
25× (2+3) = 125 25× (2+3) = 125 125 125 125 125

The simulation environment is ns-2 [29] where we devel-

oped modules to simulate the signaling process and inte-

grated them into the EuQoS simulation model [30]. The

integration of these modules permits its use in any network

scenario (even in environments with different network tech-

niques). In our own-implemented modules we model the

signaling protocols: SIP and NSIS.

We introduce a bottleneck in the respective link by setting

the appropriate value of the link capacity obtained from

the provisioning method presented above. The links that

are not considered bottlenecks in a certain test are set to

100 Mbit/s. Also the links between terminals and servers

are 100 Mbit/s links. Next, we perform three tests, each

one with 10 000 setup procedures. The number of bottle-

necks change from one test to another. The first test con-

siders 6 bottlenecks, from bott#1 and bott#6 as indicated in

Fig. 10. The next test considers 4 bottlenecks (from bott#1

to bott#4) and the last one considers only the bottlenecks

in the both directions of the link between router A and

router B, i.e., bott#1 and bott#2.

We expect that each bottleneck will require a different pro-

visioning, since the volume of signaling traffic submitted

to them is different (see Fig. 11). Tables 1 and 2 show

the necessary values of capacity in the bottleneck links and

size of the bottleneck buffers for one unique setup proce-

dure initiated in the AN1 and one unique setup procedure

initiated in AN2 for the cases of 6, 4 and 2 bottlenecks

in the signaling path. Values of this tables we exploit to

complete Table 3, which presents the values set in the links

and buffers of the simulation scenario considering that all

the 50 terminals initiate setup procedures.

For each test, we calculate the time that packets last on

transferring the 100 Mbit/s links. This time is not con-

sidered within the provisioning method and we subtract it

from the total Ts delay value obtained in each test. The

Ts delay values of the test (after subtraction) are presented

in Table 4. Specifically, Table 4 shows the Ts delay of

the shortest (min) and longest (max) setup procedure. In

our simulations, we discard the first setup procedures of

the tests because, at the beginning, the system is empty

and these first setup procedures finish earlier, i.e., we only

consider the Ts delay values of the setup procedures after

striking the balance of the simulation process. We may

observe that the values of Ts delay respect the target value

equal to 3.5 s in all the cases. In opposition to the simu-

lations performed in [26], in the presented simulation ap-

proach there is no multiplexing gain in the network because

Table 4

Value of TS delay for the scenarios

with 6, 4 and 2 bottlenecks (simulation results)

Bottleneck
bott#1–bott#6

min/max

bott#1–bott#4

min/max

bott#1–bott#2

min/max

Ts delay [s] 3.499/3.500 3.499/3.500 3.500/3.500

the system is permanently occupied. In fact, the setup pro-

cedures arriving to the system synchronize ourselves and

transfer the network in the same order. This simulation

approach allowed us to validate the provisioning method

presented above.

4.2. Evaluation by Measurements

In this section we present measurement results of S-CoS

performance evaluation. The aim of the measurements is

to demonstrate that the S-CoS provisioned by the method

presented in this paper may ensure target Ts delay in the

test bed environment. On the other hand, we will also

demonstrate that we cannot ensure delay requirements for

the signaling traffic not carried by the S-CoS, if the network

is heavy loaded.

Figure 12 presents the measurement test bed, where we em-

ulate a scenario with two domains that are interconnected

by an inter-domain link. The capacity of the inter-domain

link equals 8 Mbit/s, while links inside each domain offer

100 Mbit/s capacity.
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Fig. 12. Measurement test bed.

For implementing the S-CoS, all the signaling servers must

“mark” their own packets before sending them into the net-

work. This is done by setting the differentiated services

code point (DSCP) field in the IP header of packets. The

DSCP value assumed for the signaling packets is equal to

binary value 101000 [4].

Figure 13 presents the model of the outgoing port of two

routers: router 1 and router 2. In router 1 it is implemented

in the direction from client A to client B and, in router 2,

in the opposite direction.

Fig. 13. Model of the outgoing port of the routers.

For our measurements, we consider only two classes of ser-

vice: the S-CoS and the standard CoS (STD CoS), which

is the best effort service. To ensure bandwidth separation

between considered classes in IP router we use the deficit

round robin (DRR) scheduler. We provision the S-CoS

with 1000 and 2000 kbit/s in the two tests, respectively.

The scheduler’s weight for S-CoS traffic (wS−CoS) is set

to guarantee assumed amount of bandwidth, whereas, the

scheduler’s weight for STD CoS traffic (wST D−CoS) com-

plements the link capacity up to 8 Mbit/s.

By the provisioning method, we may calculate how many

simultaneous setup procedures can be admitted, as a max-

imum, in the S-CoS not to exceed 1000 and 2000 kbit/s.

When applying the provisioning method, we consider one

unique bottleneck between proxy/RMs in the direction from

client A to client B since the setup procedures are initiated

only in client A. Moreover, we do not consider bottlenecks

between clients and proxy/RMs because there is only sig-

naling traffic. Table 5 presents the maximum number of

simultaneous setup procedures for the provisioned S-CoS

capacities, as well as the necessary buffer size set in the

S-CoS to avoid losses for this number of simultaneous setup

procedures.

Table 5

Class of service capacities and buffer sizes

(experiment configuration)

S-CoS capacity 1000 kbit/s 2000 kbit/s

Maximum number of

simultaneous setup procedures
131 262

S-CoS buffer size 262 packets 524 packets

An artificial call generator in the client A initiates the setup

procedures and maintains a constant number of them run-

ning in the system. When a setup procedure finishes, the

call generator instantly initiates a new one.

On the other hand, the background traffic (STD CoS) is

composed by 10 TCP connections in each direction, which

fill the 8 Mbit/s link. We set the buffer size in the STD

CoS equal to 1000 packets, which is sufficiently large to

prevent any packet loss and introduces a high delay in the

STD CoS traffic.

All measurements that we take, are performed at the sig-

naling application level (Ts delay). We simplified the RM

implementation with main focus on processing of signaling

messages in order to reduce the delay introduced by state

management operations, e.g., database access and storage

and policy algorithms.

In the first experiment we compare the performance of sig-

naling system with and without the S-CoS. We measure

the Ts delay for cases with 131 or 262 running setup pro-

cedures, with capacity assigned to S-CoS equal to 1 Mbit/s

or 2 Mbit/s, respectively. In Fig. 14 we show the max-

imum and minimum values of Ts delay measured in the

test bed. The measurement consisted of at least 1000 setup

procedures after warm up period.
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Fig. 14. Measurements of Ts delay within the EuQoS test bed.

By introducing the S-CoS in the network we are able to

guarantee the value of the Ts delay; for both considered

cases it is lightly higher than assumed target of 3.5 s.

The tiny differences are due to the transfer of signaling

packets by the not-bottleneck links. On the other hand,

when signaling messages shares the capacity with the back-

ground traffic in STD CoS, the observed average Ts delay

exceeds 8 s. As we expected, without the implementation

of the S-CoS, we are not able to ensure the setup delay re-

quirements for Internet telephony presented in [11]. There-

fore, we argue that signaling traffic and best effort traffic

must not be handled by the same network resources when

the network is heavily loaded.

In the next experiment we evaluate the characteristics of

Ts delay when the number of simultaneous setup proce-

dures is lower than the calculated maximum value (for given

S-CoS capacity). Figure 15 shows this characteristic for

the case when 2 Mbit/s capacity is dedicated for S-CoS;

we may see maximum and minimum measured values of

Ts delay. The relation between Ts delay and the number

of simultaneous setup procedures is linear, as we could ex-

pect. Moreover, for given number of simultaneous setup

procedures, the Ts delay of different setup procedures does

not vary so much (intervals are very small).

On the basis of the above results, we strongly recommend

to introduce the dedicated class of service to ensure QoS

Fig. 15. Measured characteristics of Ts delay within the EuQoS

test bed.

at the packet transfer of signaling messages. Unfortunately,

the inherent characteristics of the signaling traffic (bursts

of packets, sporadic traffic, etc.) do not allow to effectively

control it and, because of this, it is not possible to carry the

signaling traffic by other CoSs on aggregation with other

kinds of traffics.

5. Conclusions

In this paper we studied the signaling performance of one

example of next generation network system: the EuQoS

system. We considered main processes inside the signaling

system, as call handling scenario and transferring of the

signaling messages by the network. Both these factors may

affect into the call setup delay and, as a consequence, into

the user quality of experience. We decided to confront them

separately, using decomposition approach. As a result, we

achieved a system capable of establishing end-to-end con-

nections with the same requirements for call setup delay as

assured in the ISDN network [10].

The key for the correct design of the system lies in reserv-

ing enough resources, both for signaling servers (processing

power) and for the transfer of signaling messages in the net-

work (bandwidth and buffer). For the signaling servers, we

calculated the maximum call arrival rate (number of setup

procedures per second) that the system can handle to assure

given call processing delay. We considered all the signaling

servers involved into the signaling system, paying special

attention to the signaling servers designed to the resource

reservation and allocation process over exemplary technolo-

gies. Following the analysis and relations between signal-

ing servers, we evaluated system performance by means of

dedicated simulation and measurement tools.

To complete the provisioning of resources, we investigated

how the traffic generated by the signaling servers is handled

in the network. We assumed that the number of simulta-

neous setup procedures handled by the signaling system is

limited. Thanks to this assumption, we were able to pro-

vide dimensioning rules for signaling class of service. The

rules provide a value of bandwidth and buffer space that

should be dedicated for signaling traffic at the bottleneck

points in order to guarantee given setup delay requirements.

The devised provisioning method was verified by the simu-

lation of the signaling system and by measurements in the

test bed scenario.

Though we strived to do general analysis of the signaling

system features, some results may be particular for the Eu-

QoS system. Anyway, the presented proposals and methods

can be used as a good guideline for the design of other sig-

naling systems.

Future works in this field should be directed to find so-

lutions for signaling congestion control, i.e., how to en-

sure a maximum number of simultaneous setup procedures

within the system. It is also important to consider traffic

models at call level, however, it requires an insight into

measurements in multiservice networks. Other problem is

related with the inherent complexity of the signaling sys-

tems in next generation networks. In this work, we con-
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sidered only the main signaling servers in each domain,

but in reality we should expect multiple ways of system

decomposition and distribution.
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