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RÉSUMÉ 

Les progrès technologiques rapides des dernières années ont transformé la 

communication sans fil du concept à la réalité. En particulier, la technologie ad hoc 

mobile sans fil est devenue le vecteur de nouveaux concepts de plus en plus variés mais 

aussi de plus en plus complexes. Cette technologie ne requiert pas d'infrastructure 

préalable pour fournir des services de communication sans fil entre unités mobiles. Elle 

permet des applications importantes et parfois vitales comme dans le cas des opérations 

de sauvetage, de secours, de sûreté, et dans les champs de batailles. Cependant, un des 

problèmes majeurs que connaissent l'industrie et le milieu académique dans leurs 

recherches relatives aux réseaux ad hoc est la garantie de la meilleure qualité de 

transmission pour les services multimédia de la voix et de la vidéo en temps réel. Il s'agit 

de services à contraintes multiples dont voici quelques unes: bande passante, délai de 

bout en bout, variation dans le délai, etc. Ces contraintes dites de qualité de service sont 

assez difficiles à surmonter en raison notamment de la dynamique de la topologie et de 

l'insuffisance des ressources qui caractérisent les réseaux mobiles ad hoc. 

L'objectif de cette thèse est de proposer de nouvelles approches qui garantissent une 

bonne qualité de service aux applications multimédia dans les réseaux mobiles ad hoc. 

Dans le but d'obtenir des modèles plus adaptatifs et plus flexibles par rapport aux 

modèles existants, nous proposons d'explorer un ensemble de solutions intelligentes 

basées sur les techniques des réseaux de neurones et de la logique floue. Les simulations 

réalisées montrent que les approches de la qualité de service que nous avons proposées 

sont des solutions avantageuses en termes de performances et de fiabilité pour supporter 

les services de temps réel et les applications de données non temps réel. Cela montre que 

les techniques de l'intelligence artificielle développées dans cette thèse peuvent 

contribuer à l'amélioration de la qualité de service dans les réseaux ad hoc sans fil. 
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ABSl'RACT 

The fast technological progress and innovations of the past years have taken wireless 

communication from concept to reality. Indeed, wireless networks are now very well 

operating with tremendous advantages. There is no more need for expensive 

infrastructure to communicate efficiently. With ad hoc networks technology, mobile 

devices are free to move and communicate wirelessly with one another. Many important 

and sometimes vital applications are supported by this technology; disaster-and-relief 

operations, emergency rescue, law enforcement, and military battlefields are just few of 

them. However, one of the most challenging problems in ad hoc networks research is to 

ensure good quality voice and video multimedia services. These kinds of services need 

specific requirements to be satisfied in terms of bandwidth, end-to-end delay, jitter, etc., 

and this is very difficult to achieve in ad hoc networks, because of the topology dynamics 

and the scarcity of resources that characterize them. 

The objective of this thesis is to investigate new approaches towards achieving good 

quality of service in wireless ad hoc networks. With the aim of obtaining more adaptive 

and flexible models, we propose a set of intelligent solutions based on neural networks 

and fuzzy logic techniques. These artificial intelligence tools have proved their benefits 

and efficiency in both academia and industry. The simulations we realized show that the 

proposed quality of service approaches promise to be efficient and reliable solutions for 

supporting both real-time services and non real-time applications. The obtained results 

illustrate that the intelligent-based techniques can raise successfully the challenge of 

quality of service satisfaction in wireless ad hoc networks. 
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CHAPTER 1 

INTRODUCTION 

Ubiquitous access to information anytime and anywhere will characterize whole new kinds of 

information systems in the future. This is being made possible by rapidly emerging wireless 

communication systems that exploit technologies such as wireless local area networks, 

persona! communications, and cellular telephony. Furthermore, these systems have the 

potential to change how societies will evolve, as people are no longer constrained by 

information location or communication mechanisms. Wireless mobile ad hoc networks 

technology, called also MANET, is a key component ofthese future wireless networks. 

MANET technology has several potentialities that are not available with classical wired or 

wireless networks. It can be useful for different environments. Signi:ficant examples include 

establishing survivable and efficient communication for emergency/rescue operations, disaster 

relief efforts, and military networks. In recent years, home and small office networking and 

collaborative computing with laptop computers in small areas ( e.g., a conference rooms or 

classrooms) have emerged as other major areas of potential applications of MANET. In such 

setups, some potential applications cannot rely on centralized and organized connectivity, but 

can naturally be conceived as MANET applications. 

A MANET can be de:fined as self-organizing and a rapidly deployable network in which 

neither a wired backbone nor centralized control exists. MANETs include an autonomous 

collection of mobile devices that communicate over bandwidth constrained wireless links. 

Only interactions between such mobile devices are used to provide the necessary control and 

administration functions for such networks. The deployment of MANETs can be performed 

instantly and efficiently in situations where infrastructure is unavailable. 



The last few years have witnessed a wealth of research ideas on ad hoc networking that are 

moving rapidly toward implemented standards. Although ad hoc networks research is a 

relatively new field it is gaining more popularity for various new applications. For instance, 

multimedia applications that open up for converged services and new applications is quickly 

becoming a key focus area for wireless communications. With the increase in both the 

bandwidth of wireless channels and the computing power of mobile devices, it is expected that 

video and audio services will be offered over ad hoc networks in the future. 

However, enabling multimedia communications over such networks 1s remammg a 

challenging task for both academic and industrial communities. Video and audio services 

typically require stringent bandwidth and delay guarantees. This makes the deployment of 

quality of service (QoS) mechanisms a vital need for the satisfaction of user's requirements. 

This kind of applications generates traffic at varying rates and usually requires the network to 

be able to support such a changing rate. Besides, in a network consisting of mobile nodes, the 

connection path between a source and a destination is constantly broken and has to be 

frequently updated. 

Therefore, providing QoS guarantees is crucial for supporting disparate services envisioned 

for the future wireless ad hoc networks. Despite the efforts made to alleviate this issue, there 

still exist a number of barriers to the widespread deployment of real-time applications. The 

most prominent one is how to ensure the quality delivery for real-time traffic in the case of 

MANET devices mobility. It is important to note that the existing solutions developed for 

wired networks can not be deployed directly within ad hoc networks. Difficulties with these 

solutions lie in the fact that they are not adapted to different node states and resource 

variation, as in ad hoc environments the available bandwidth for each node varies with time 

since the nodes are mobile and the medium is shared. 

In this thesis, we propose some QoS solutions that are capable of supporting real-time traffic 

video and voice services as well as emerging data services in an integrated fashion. These 

solutions are expected to bring about the benefits of the advances in the areas of both artificial 

intelligence and wireless networking. Intelligent techniques such as neural networks and fuzzy 

logic have proved their efficiency in many industrial areas. They are used to solve complex 
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problems, and are characterized by changing their behaviour on the light of ongoing events 

without the intervention of the users. The thesis is organized as follows: 

In the next chapter, we present a survey of existing work in the research areas of wireless 

communications. We present some foremost technologies developed to guarantee QoS in both 

wired and wireless ad hoc networks. The aim of the presented state-of-the-art is to provide a 

better understanding of this emerging technology as well as its research challenges. In chapter 

3, we present GQOS model which is an intelligent QoS model based on neural networks for 

supporting multimedia traffic in wireless ad hoc networks. A neural network is a robust 

artificial intelligence technology that can handle the dynamic nature of various processes. 

However, the obtained results from simulation show that GQOS is not suitable for higher 

network mobility and traffic load. 

In the aim to off er better performance results, we propose in chapter 4 the model named 

MARS, which is a QoS model with service differentiation based on a semi-stateless approach 

for wireless ad hoc networks. The objective of MARS model is essentially to minimize the 

end-to-end delay of multimedia traffic. This model will serve as a component for the 

intelligent cross-layer QoS solution we develop in chapter 5. In this solution, we explore the 

use of a fuzzy logic system for improving traffic regulation and congestion control based on 

the feedback information received from the MAC layer. The simulation results illustrate that 

the presented model promises to be an efficient QoS solution in terms of the average delay 

and throughput to support both real-time and non-real-time multimedia services. Finally, 

chapter 6 concludes our work and discusses future research directions. 
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CHAPTER2 

THE STATE OF THE ART IN WIRELESS 
COMMUNICATIONS AND QUALITY OF SERVICE 

2.1 Introduction 

Wireless and mobile communication technologies are becoming an essential part of our daily 

life. This technology is expected to provide a wide variety of services, from high-quality voice 

to high-definition video through high-data-rate wireless channels anytime and anywhere in the 

world. Wireless mobile ad hoc networks (MANETs) represent one trend in the future 

generation of wireless communications. 

Ad hoc networks are likely to expand their presence in future applications. The emergence of 

real-time applications and their widespread usage in communication have generated the need 

to provide quality-of-service (QoS) support in wireless and mobile networking environments. 

The QoS architectures proposed for the Internet are not readily applicable to the dynamic 

nature of ad hoc networks. Although challenging, it is quite interesting to design and develop 

QoS support mechanisms for MANETs. 

In this chapter, we first review the environments of cellular and wireless networks including 

some relevant existing technologies. We then discuss the IETF QoS framework in wired 

networks, specifically the IntServ and DiffServ frameworks. Finally we present some leading 

approaches and mechanisms to offering QoS services in wireless ad hoc networks. 

2.2 Single-hop communication architecture 

The formidable development that cellular and wireless technologies have undergone is 

certainly a major phenomenon which marked these last years in the field of 
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telecommunications. Particularly, the IEEE 802.11 systems achieved a significant success. 

This has been made possible because of the progressive maturity of the standards and the 

massive deployment caused by the reduction of the equipment cost. This section presents 

some technologies of this type of networks and their implications in both research and 

industry. In this section we interest to the single-hop case, in which mobile devices 

communicate with access points like base stations connected to the fixed network [Sun0l]. 

2.2.1 Cellular Networks 

There has been an evolutionary change in cellular communications systems for decades. The 

first generation (1 G) in the 1970s is based the on analog technologies. The second generation 

(2G) cellular systems in the 1980s are digital systems. Four 2G technology systems coexist: 

GSM (global system for mobile communications), cdmaüne (spread-spectrum-based code-

division multiple access), TDMA (time-division multiple access), and PDC (persona! digital 

cellular system) [Vri02]. These networks are used mainly for voice applications and to support 

circuit-switched services. The data rates offered for users in air links is less than several tens 

of Kbps. The revolution is not over, with mobile Internet and third generation (3G) services 

being offered in coming years. The International Mobile Telecommunications 2000 (IMT-

2000), introduced as the 3G cellular systems at the beginning of this century [Spe97], can 

provide adequate bandwidth for many applications such as Internet access and image transfer 

(Figure 2.1 [Ohm00]). However, demands for higher access speeds for multimedia 

communications will be unlimited. In the following, we give a brief description of cellular 

architecture. 

Mcbllty 

-.r1an 

1 F~ 1 c::::; 
10 kbfs 

MlllmetM-w-
LAN 

Glgabit nMWOnt > 
2 Mb/11 50 Mbls 156 Mb.'s 600 Mbfs 

Datôl rate 

Figure 2.1: Evolution of mobile networks 
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Cellular networks are composed of cells that cover an operator territory [ChiOl]. A cell 

comprises a specialized node called basic station (BS). The network users carry mobile 

stations (MSs) to communicate with the BS. The cells are partially stackable to efficiently 

cover the territory. Expanding the range of a cellular network returns to interconnecting more 

basic stations. As shown in the basic cellular scheme (Figure 2.2), for systems such as GSM 

and PACS, the base station system is partitioned into a controller (base station controller 

(BSC) in GSM and radio port control unit in PACS) and radio transmitters/receivers (base 

transceiver stations (BTSs) in GSM and radio ports in PACS) [LinOl]. The BSC gathers 

several tens of BTS, and includes the functionalities of the management of radio channels, 

handovers/ handoffs and the call admission control. 

Radio network 

Base Station 
Controller 

"A··•• ............................................ .. ........................ \?-~,·:~~· 
& 

Base Station Mobile Station 

Figure 2.2: Basic architecture of mobile environment 

The infrastructure of cellular networks includes mobile switching centers (MS Cs), which 

control one or more BSs and interface them to the wired public switched telephone network, 

and a central home location register (HLR) and visiting location register (VLR) for each MSC. 

The HLR and VLR are databases that keep the registered and present locations of MSs to be 

used in handoffs (the process ofhanding a call over to the new cell when an MS moves). HLR 

is a network database that stores and manages all mobile subscriptions of a specific operator. 

In HLR, the MS identity is assigned for record purposes, such as current location and profile 
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information. When the mobile user visits a network other than the home system, a temporary 

record for the mobile user is created in the VLR [Linül, Sar00]. 

A centralized architecture like that of cellular networks features a specialized node, i.e., the 

base station, that coordinates and controls all communications within covered area, or cell. 

The intelligence of cellular architecture is concentrated in the base station (Figure 2.3). This 

leads to a greatly simplified QoS support and bandwidth management since the base station 

can collect the requirements and prioritize channel access accordingly [Mye02]. Other aspects 

such as multicasting and energy usage are also simplified. 

Node 

Wireless link 

! Wired link 
Cell 

Base station 

Figure 2.3: Example of cell 

However, this architecture has disadvantages: 

The installation of a new base station requires precise placement and system configuration. 

The dependence of this architecture on the exiting wired networks adds an additional cost 

to take into account during the deployment of base stations. 

- The breakdown of the central node (i.e., basic station) causes the failure of the network, 

and then the non-satisfaction of services requested by the users. 
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2.2.2 WxAN Networks 

WxANs (Wireless X Area Network)s aim to replace the wired networks by wireless networks 

that offer similar services with the added advantage of mobility. As shown in figure 2.4, we 

can classify wireless networks depending on their coverage area into three main classes: 

Persona!, Local, and Wide Area Networks. The wide area networks are mobile multi-hop 

wireless networks, and they present many challenges that are still to be solved (e.g., 

addressing, routing, location management, security, etc.). On smaller scales, single-hop PAN 

and LAN wireless networks are beginning to appear on the market. These technologies 

constitute the building block to construct small multi-hop ad hoc networks that extend the 

range of the ad hoc networks' technologies over a few radio hops [Con03]. 

teehnology 
. oth 1 • 'IQ roc.l it:.~ 

Figure 2.4 Wireless communication levels, [Blue] 

Persona! Area Network (PAN): 

A PAN connects mobile devices carried by users to other mobile and stationary devices (PDA, 

computer, printer, digital camera, etc.). The communication range of PAN is typically up to 10 

meters. Wireless PAN (WP AN) technologies in the 2.4 GHz band are the most promising 

technologies for widespread PAN deployment. Spread spectrum is typically employed to 

reduce interference and utilize the bandwidth [Con03]. 

The technologies for PANs offer a wide space for innovative solutions that arise from the 

possibility of forming ad hoc networks with the workspace electronic devices, e.g., a PDA that 

automatically synchronizes with the desktop computer to transfer e-mail, files and schedule 

information [ Con03]. Bluetooth technology [Blue] seems to be a good candidate for this 
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network type. It can serve as a cable replacement solution for interconnecting devices. 

However, Bluetooth data rate of 1 Mbps remains limited to support multimedia applications. 

The 802.15 WPAN group [IEEE15] focuses on developing more efficient standards (table 

2.1). 

- Wireless Local Area Networks (WLAN): 

A WLAN has a communication range typical of a single building or a cluster of buildings, i.e., 

100-500 meters (as in wired LAN). WLAN offers a large band radio access with several Mbps 

data rate, and it makes possible to replace the wired Ethernet networks. Thanks to wireless 

LAN technology IEEE 802.llb [IEEEllb], it is possible to maintain data connection speeds 

up to 11 Mbps, even in the case of device mobility inside the local area network (university, 

airport, etc). However, in order to satisfy the same requirements typical of any LAN, WLAN 

should be designed to face some issues specific to the wireless environment, such as security 

on the air, power consumption, mobility, and bandwidth limitation of the air interface [Sta96]. 

More details about WLAN technology is given in section 2.3.2. 

- Wireless Wide Area Network (WW AN): 

WW AN covers a much broader area than WLAN, with coverage usually measured on a 

nationwide basis. Since WW AN uses the existing cellular infrastructure with a multitude of 

towers as coverage ( and to a lesser degree satellites), WW AN pro vides wireless data access 

over the Internet across a coverage area that would generally be measured in hundreds, or 

even thousands of miles [Int05]. Today, the natural trend is to utilize high-bandwidth WLANs 

such as IEEE 802.11 in hotspots and switch to WWANs networks such as General Packet 

Radio Service/Universal Mobile Telecommunications System (GPRS/UMTS) networks when 

the coverage of WLAN is not available or the network condition in WLAN is not good 

enough [Zha03]. Besides being used as a data transport, WW AN has the advantage of 

allowing voice traffic over the same network. Another benefit of WW AN networks is the 

ability for mobile workers to get wireless Internet access nearly anytime, anywhere at 

acceptable prices. 
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Table 2.1: Broadband Wireless Technologies [Intel04] 

Broadband Wireless Technologies 
eo ... ,rcial Usaee Standard Through-tM,lt Ruge Fnqueacy 
Name 

UWB (ultra WP.AN 802.16.3.1 11G-480 Mbps Upto30 7.15GHz 
widlband} fNt 
Blullloottie WP.AN 802.15.1 Up1D Uplo30 2.4GHz 

72DKpbs fNt 
Wi-Fl WlAN 802.11a Upto54Mbps Upto300 15GHz 

fNt 
Wi-Fl WlAN 802.11b Up1D 11Mbps Upto300 2.4GHz 

fNt 
WiMAX WMAN 802.1fld UptoTI!Ubps Typical~ Sub11GHz 

1lxed (20MHzBW) min 
WiMAX WIIAN 802.1e. Upto3CU,pa Typical 1-3 2.0GHz 

(fflMHzBW) mies 
EOGEJOPRS WW.AN 2.SO Upto Typioal 1-0 1.800MHz 
(TDUA- 384Kllps min 
GSM) 

CDMA20D011 WWAN 3G Up1D2.'4 Typioal 1-0 "°°· 800, xEV-00 Mbps(typicâ mies flOO, 1. 700. 
300.eooKbps) uoo. 

1.GOO. 
2,100MHz 

WCDMMJU WWAN 3G Up1Dallpa Typical 1-0 1.800. 
TS (up to 10Mbps milH 1.000. 

wilhHSDPA 2,100MHz 
tlldl.lDIDGv) 

2.3 Ad hoc multi-hop communication architecture 

Future information technology will be mainly based on wireless technology [Pit99]. 

Traditional cellular and mobile networks are still, in some sense, limited by their need for 

infrastructure (i.e., base station, routers) [Sil02]. This limitation is eliminated in the new 

technology called wireless mobile ad hoc networks which is a new wireless architecture 

characterized by the absence of infrastructure. In this architecture, the nodes guarantee the 
function of "store and forward" of the packets. Hence, a node in this architecture plays also 

the role of a router. The resulting architecture is a set of nodes wirelessly connected, easily 

deployed and dynamically reconfigurable. 
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Figure 2.5: Multihop ad hoc network 

2.3.1 Environment of a mobile ad hoc network 

Ad hoc networks are the key to the evolution of the wireless technology. The definition 

bellow of ad hoc networks was proposed by the Internet Engineering Task Force (IETF), the 

organization responsible for guiding the evolution of the Internet [Manet]: "A mobile ad hoc 

network (MANET) is an autonomous system of mobile routers (and associated hosts) 

connected by wireless links. The routers are free to move randomly and organize themselves 

arbitrarily; thus, the network 's wireless topology may change rapidly and unpredictably. Such 

a network may operate in a standalone fashion, or may be connected to the larger Internet". 

2.3.1.1 Motivation 

The maturity of wireless transmission and the popularity of mobile devices have made from 

the initial goal of networks, which is to off er the communication to anywhere and any time, a 

realizable and real fact. The users remain in communication even in the case of mobility, such 

as in cellular networks where the communication between mobile units is done through access 

points ( exp. basic station) which ensure also the interconnection with the pre-existent wired 

network. However, the existence of a fixed infrastructure network is not always assured 

especially in the case of a natural disaster or an energy breakdown. Also it might not be 

feasible to construct adequate fixed access points or to deploy new basic stations for many 

reasons ( e.g., geographical, cost, performances, etc.). This constitutes a major challenge for 

many operations such as emergency/rescue. 
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MANETs seem to be the best solution which responds to this challenge. Since mobile devices 

can operate without establishing any infrastructure or centralized control (e.g., access points). 

However, a mobile device may not be able to communicate directly with other devices in a 

single hop fashion. Tuen, other mobile devices play the role of routers which convey 

information received towards their destinations. A MANET scenario of military action is 

shown in figure 2.6. 

Figure 2.6: Scenario of military action 

In addition to the constraints imposed by the wired and cellular communications such as: 

Optimal use ofbandwidth. 

Resource control. 

Quality of transmission. 

The scientific and industrial communities are confronted to the new challenges imposed by the 

wireless ad hoc networks: 

- Nodes mobility. 

Absence of pre-existing of infrastructure and central control. 

Changing in nodes position and address. 

Discovery and maintenance of routes. 

Security of wireless links. 
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2.3.1.2 Modeling 

An ad hoc network can be represented by a graph G = (V, E) [Jwu02]: 

V represents the mobile units (nodes), 

E represents the links between the mobile units 

A paire f: E, e = (v, u) indicates that both mobile units v and u are within wireless transmitter 

ranges. 

Figure 2. 7 represents an ad hoc network composed of nodes and wireless links. 

• Nodes ofgraph (mobile units) 

Links between nodes 

Figure 2.7: Modeling ofwireless ad hoc network 

2.3.1.3 Applications of mobile ad hoc networks 

With the progress of technology, it is becoming possible to deploy mobile ad hoc networks in 

many potential and strategic areas. The applications for ad hoc networks are various, ranging 

from static, small networks that are constrained by power sources, to dynamic, large-scale 

networks. Significant examples include establishing efficient and dynamic communication for 

emergency/rescue operations, disaster relief efforts, and battlefield. Assuring a permanent 

service communication for these applications by the classical networks ( e.g., wired and 

cellular networks) may not be possible because the communication is centralized and the 

network is dependent on the proper function of the central controllers. If the centralized 

infrastructure were to fail due to a disaster for instance, the network may collapse [Mad00]. 
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In a battlefield area and military environment, the preservation of security, reliability, latency, 

and the recovery from failure are important concems. Ad hoc networking would allow the 

military to take advantage of commonplace network technology to maintain communication 

and exchange information between the soldiers, vehicles, and military headquarters. The 

original idea of an ad hoc network came from this field. Sorne of the demonstration networks 
include the US Army Tactical Internet (Tl) in 1997 and the Extending the Littoral Battle-

space Advanced Concept Technology Demonstration (ELB ACTD) used by the US Marines 

in 1999 [Alt99, Fre0l]. Note that annually, the Department of Defence in many countries 

(U.S, Canada, UK, etc.) awards projects to universities to develop ad-hoc wireless networking 

technology for battlefield environments. For instance, Sensors Magazine [Sens04] reported in 

the issue of May 2004 that six-university effort led by the University of California, San Diego 

is working on a way to help troops in the heat of commando raids and other hostile 

environments. 

While military applications is still dominating the research needs in ad hoc networking, the 

recent rapid advance in telecommunication has brought to the fore a number of potential 

civilian applications of ad hoc networks. As example of civilian projects, the national 

communication systems (NCS) has planned a mobile ad hoc data networks for emergency 

telecommunications [Sub00]. This project focuses on investigating specific preparedness 

requirements for emergency/rescue and disaster assistance for survivable and efficient 

execution. Instance of emergency networks include the disaster relief efforts after fires in 

chemical factories or the aftermath of a hurricane where wired/cellular services may not be 

available. This project aims to achieve three points: 1) power conservation, 2) efficient and 

appropriate use of the bandwidth limited channel in an emergency situation, and 3) reliable 

and robust communication [Mad00]. 

Recent attention has been focused on ideas involving the possibility of coordinating the 
activities of tiny sensor devices. As examples of sensor applications, we cite hereafter some 

works conducted by Intel Company recently. Intel and BP (BP is one of the world's largest 

petroleum and petrochemicals companies) are collaborating on a joint research project using a 

wireless sensor network to provide continuous vibration monitoring of the engines on one of 

BP's oil tankers off the Shetland Islands in northem Scotland [Intel]. Another project 
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developed by Intel is IrisNet [Gib03] which is an architecture and system for a worldwide 

sensor web. The sensor web combines a variety of sensor types, including video, and permits 

globally distributed data collection, actuation, and data mining. IrisNet can be useful for many 

scenarios: helping drivers to locate available parking spaces near their destination, making 

epidemic early waming systems (discover concentrations of sneezing, fevers, etc.), homeland 

security, etc. [Intel]. 

The environment control is another area where ad hoc networks can be used efficiently to 

ensure the control in terms ofboth safety and ecology aspects. For that aim, the sensors could 

be used to gather the desired information about environment pollution, chemical 

concentration, etc. The cooperation of sensors to form ad hoc networks is also useful in the 

area of agriculture in order to provide early alerts for frost damage. 

One of the technological implementations of MANETs is the short-range wireless networks 

(PAN), which can simplify the communication between various mobile devices ( e.g., laptop, 

PDA, cellular phone). Such an ad hoc network can replace the wired cables with wireless 

connections, and can provide a mobile and ubiquitous connection to Internet information 

service by mechanisms such as WLAN [Con03, Perül]. 

2.3.1.4 Ad hoc environment and Internet 

Information technologies constitute a vital element of our lives, businesses, and society. The 

wide acceptance of Internet standards and technologies is helping us to build global computer 

networks capable of connecting everything and reaching everyone [Pit99]. 

The wireless mobile Internet research focuses with the combination of the telecommunications 

and Internet technologies into one system that covers all communication needs (Figure 2.8). 

With the widespread progress achieved during the last years in wireless access technology, 

routing in the Internet, and sophisticated hardware and software design, such a comprehensive 

Internet technology would no longer be a dream but a practical reality [Jam03]. 
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Internet Engineering Task Force (IETF) Working Group on Mobile Ad hoc Network is the 

group which deals with the standardization of routing protocols in the ad hoc networks 

[Manet]. This group studies the specifications of these protocols with the assistance of other 

works on mobile IP and IP addressing, whose objective is to offer a multi-hop routing with a 

high number of routers (hundreds of routers ). This issue is still a matter of ongoing research. 

The IETF document describing Internet mobile ad hoc networks states that the development of 

such an approach is underway, which permits routing through a multi-technology fabric, 

permits multiple hosts per router and ensures long-term interoperability through adherence to 

the IP addressing architecture. Supporting these features appears only to require identifying 

host and router interfaces with IP addresses, identifying a router with a separate Router ID, 

and permitting routers to have multiple wired and wireless interfaces [Cor99]. 

Figure 2.8: MANET connected to Internet 

Sorne of these routing protocols have been implemented in prototypes, and others are under 

commercial consideration [IETF]. Note that the routing protocols work on the network layer 

(Figure 2.9). We are interested in what follows to both access medium and network layers. 

Figure 2.9: Layers model of wireless ad hoc network 
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2.3.2 MAC layer in ad hoc networks 

In wireless environment, MAC protocols are responsible for coordinating the access from 

active nodes. These protocols are of major importance since the wireless channel is inherently 

prone to errors. MAC layer, sometimes also referred to as a sub-layer of the "Data Link" 

layer, involves the functions and procedures necessary to transfer data between two or more 

nodes of the network, and to resolve conflicts among different nodes for channel access. MAC 

layer affects the QoS of the network, since it has a direct bearing on how reliably and 

efficiently data can be transmitted between two nodes along the routing path in the network 

[Kum04]. 

Over the last years, IEEE 802.11 wireless local networks (WLANs) and Bluetooth wireless 

technology have positioned themselves as MAC technologies having distinct technical 

features. IEEE 802.11 is well applied to high-speed WLAN scenarios, whereas Bluetooth 

technology focuses more on wireless persona! area network (PAN). These two standards 

illustrate the two categories in which multiple access networks can be categorized: random 

access (e.g., CSMA, CSMA/CD) and demand assignment (e.g., Token Ring). The IEEE 

802.11 standard committee has decided to adopt the random access CSMA based scheme for 

WLANs since the random access allows unconstrained movement of mobile hosts [Sil02]. 

Although the demand assignment access scheme does not provide many functions that IEEE 

802.11 specifications offer, it is more suitable for an environment that needs to provide 

guarantees on the quality of service. 

IEEE 802.11 standards 

In 1997, the IEEE adopted the first WLAN standard, named IEEE 802.11 with data rates up to 

2 Mbps [IEEE99]. Since then, several extensions have been made to the original standard: 

IEEE 802.11 b (known as WiFi) operates in the 2.4 GHz band with data rates up to 11 Mbps. 

The IEEE 802.lla operates in the 5 GHz band with data rates up to 54Mbps. The IEEE 

802.11 standard specifies both physical and medium access control (MAC) layers. The MAC 

layer provides to its users both contention-based and contention-free access control on a 
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variety of physical layers. Three technologies are used as an air interface physical layer for 

contention-free access control: infrared, frequency hopping, and direct sequence spread 

spectrum [Con03]. 

The basic access method in IEEE 802.11 MAC protocol is the Distributed Coordination 

Function (DCF), which is a Carrier Sense Multiple Access with Collision Avoidance 

(CSMNCA) MAC protocol. Besicles the DCF, IEEE 802.11 incorporate an alternative access 

method known as the Point Coordination Function (PCF), which is an access method similar 

to a polling system and uses a point coordinator to arbitrate the access right among nodes. 

Since PCF cannot be used in ad hoc networks, we will concentrate in what follows on the 

DCF access method: 

DCF is based on CSMN/CA mechanism. In CSMA protocol, when a station wants to transmit, 

it senses first the medium. If the medium is sensed idle for a specified time interval, called 

distributed interframe space (DIFS), the node is allowed to transmit. If the medium is busy 

(i.e., other stations are transmitting), the station defers its transmission to a later time. When 

the medium is or becomes busy during DIFS interval, the sender draws a random number 

called backoff in an interval called contention window. If the medium is idle again, the station 

waits for 1 DIFS before starting to decrement its backoff slot by slot. When the medium 

becomes busy, the process is stopped and will be resumed later after a new DIFS with the 

remaining number of backoff slots. As soon as the backoff reaches 0, the frame is emitted if 

the medium is idle [Cha05]. If the frame is successfully received by the receiver, the later 

waits for a short interframe space (SIFS) and then emits the acknowledgment. Note that DIFS 

is much larger that SIFS in order to give priority to acknowledgments over data frames. The 

sender considers the lack of reception of an acknowledgment as a collision. If an 

acknowledgment is not received, a retransmission is scheduled after an extended interframe 

space (EIFS), and the data frame is considered to be lost [Con03]. 

An optional request to send (RTS)/clear to send (CTS) exchange can be used in order to 

prevent the hidden node problem in which two independent emitters simultaneously send a 

frame to the same receiver. Before transmitting a frame, the sender emits an RTS frame for 

asking the receiver if the medium is free in its vicinity. The receiver hosts responds by a CTS 
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frame in the case of no interfering transmission is present, and then the sender can begin the 

transmission [Cha05]. 

The common MAC published in the original 802.11 specification works with the following 

two basic network configurations (Figure 2.10) [Sil02]: 

• Infrastructure network: mobile stations connect directly through Access Points (AP). APs 

provide devices with access to a range of networks for an extended coverage area. 

• Ad hoc network: the mobile stations in the cell interact with one another independent of 

any infrastructure support. The cell called also IBSS (Independent BASIC Service Set) is 

characterized by an identifier IBSSID managed locally. The units are synchronized simply 

(thanks to the flexibility of CSMA/CA algorithm) by clocks to transmit and receive the 

data correctl y. 

Internet 

Exemple; Ethernet Gateway 

infra<;tructure Network 

Figure 2.10: Infrastructure and ad hoc networks 

Bluetooth technology 

Bluetooth is a digital wireless transmission standard operating in the 2.4 GHz band widely 

used in the industrial, scientific, and medical applications. It aims for low-cost and short-range 

radio links between laptops, cellular phones, and other devices [Bis0 1]. Bluetooth was 
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initiated by Ericsson, IBM, Intel, Nokia and Toshiba in early 1998. These companies later 

formed a special interest group known as Bluetooth SIG [Bsig]. Today, more than 2000 

companies are members of the Bluetooth SIG; and all are committed to developing and 

supporting the Bluetooth standard [Blue]. 

Bluetooth is based on low-cost, short-range radio link integrated into a microchip, enabling 

protected ad hoc connections for wireless communication of voice and data in stationary and 

mobile environments. Bluetooth core is mainly composed of two layers: the baseband layer 

offers the transport services of packets on the physical layer. The Bluetooth radio offers the 

physical links among Bluetooth devices by the using of frequency hopping spread spectrum 

(FHSS) as a technique of transmission. 

From a logical standpoint, Bluetooth belongs to the contention-free token-based multi-access 

networks [Bru0l]. In a Bluetooth network, one station has the role of master, and ail other 

Bluetooth stations are slaves. Only the master station decides which slave (i.e., the station 

which receives the access token) is the one to have the access channel. Bluetooth protocol 

uses both packets and circuit switching. Tow or more stations that sharing the same frequency 

hopping sequence ( channel) form a piconet. A unit can belong to more than one piconet, but 

can be master to only one. Different piconets are not synchronized, and when they overlap 

they forma scattemet (Figure 2.11) [Sil02]. 

Figure 2.11: Bluetooth Scattemet and Piconets 
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The one potential area of weakness for Bluetooth, compared to IEEE 802.1 1, is the 

performances. Bluetooth's aggregate bandwidth is limited to 1 Mbps, while IEEE 802.11 

supports 11 Mbps, with more than 25 Mbps under development [Jor02]. Besides its limited 

data rate, the limited coverage area is another disadvantage of Bluetooth technology. Its 

effective range is only about 10 meters ( even if the theoretical range posted by the 

manufacturers is 50 meters), which limit its use in the persona! networks PAN. 

2.3.3 Network layer in mobile ad hoc networks 

One of the main goals of the network layer is to obtain correct and efficient route 

establishment between a pair of source and destination nodes so that messages may be 

delivered in timely manner [Roy99]. Route construction should be done with a minimum of 

overhead and bandwidth consumption, which is a challenging task in ad hoc networks. The 

latter can not support routing protocols used in the traditional wired networks ( e.g., links state, 

distance vector, etc.). Since, the node positions are not fixed and the routes relying emitters to 

receivers are not stable. In addition, the routing information must be quickly localized in order 

to adapt to the nodes movement. The major challenges of a routing in ad hoc networks are due 

mainly to their constraints [Si102]: 

- Dynamic topologies 

- Bandwidth-constrained and available capacity links 

- Energy-constrained operation 

- Limited physical security 

In [Cor99], a list of desirable qualitative properties of mobile ad hoc networks routing 

protocols is given. These are: 

1- Distributed operation 

2- Loop-freedom 

3- Demand-based operation 

4- Proactive operation 

5- Security 

6- Unidirectional link support 
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The authors in [Cor99] give also a list of quantitative metrics that can be used to asses the 

performance of routing protocols: 

1- End-to-end data throughput and delay 

2- Route acquisition time 

3- Percentage out-of-order delivery 

4- Efficiency 

These protocols are generally categorized according to their method of discovering and 

maintaining routes between all source-destination pairs. Usually, three approaches are cited in 

the routing area. First, proactive approaches also called table-driven, (e.g., DSDV [Per94]) in 

which a node tries to keep the updated information of all other nodes of the network. This 

kind of approach is characterized by a low latency and a high overhead. Second, reactive or 

on-demand protocols (e.g., AODV [Per99], DSR [Jo96]) are more flexible because the route is 

created only on-demand by the source node, by using a route discovery process. These 

protocols have the property of higher latency and lower overhead. A general comparison of 

the two protocols categories is presented in both [Roy99] and [MarOl]. Finally, hybrid 

approaches (e.g., ZRP [Haa0l]) try to combine the advantages of both proactive and reactive 

protocols. Achieving the right balance between reactive and proactive operation in a hybrid 

approach may require some a priori knowledge of the networking environment or additional 

mechanisms to adaptively control the mode of operation [MarOl]. Several other routing 

methods have been proposed, such as location-based protocols [Koy98, Nav97, Bas98] which 

use the Global Positioning System (GPS) [Par96] to limit query flood to a restriction region. 

However, the above protocols are designed without explicitly considering the data quality 

delivery (quality of service or QoS) of the resulting routes. They deal only with the best-effort 

data traffic. Therefore, they are not eligible to support multimedia enriched services such as 

voice applications. The QoS features in both wired and wireless networks are discussed in the 

following sections. 
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2.4 Quality of service in wired networks 

The rapid development of the Internet has been accompanied by an evolution of new 

multimedia applications, ranging from complex applications such as video on demand, IP 

telephony, and interactive multimedia to simple data services. These new applications often 

require better services than single level of services provided by the current IP network. Since, 

this kind of applications generates traffic at varying rates and usually requires that the network 

be able to carry traffic at the rate at which they generate it. Besides, these applications are 

more or less tolerant in terms of traffic delays and variation in traffic delay in the network. 

Maintaining the end-to-end audio and video quality is too challenging to be accommodated by 

the best-effort service. Hence, the evolution of multimedia technology and its commercial 

interest to reach widely civilian and military applications depends largely on the QoS support 

in the networks. 

2.4.1 Detlnition 

Several definitions of QoS have been proposed. The majority of the manufacturers who 

implement the QoS protocols take into account various parameters. The recommendation 

E.800 of CCIIT (United Nations Consultative Committee for International Telephony and 

Telegraphy) has defined QoS as: "The collective effect of service performance which 

determines the degree of satisfaction of a user of the service" [Jun96]. This definition has been 

widely accepted since it does not refer to any minimum characteristics such as delay and 

bandwidth, or mechanisms such as admission control and signaling protocol. 

The QoS methods allow a better adaptation of applications to different network states in terms 

of various parameters: end-to-end delay, available bandwidth, probability of packet loss, delay 

variation (jitter), etc. Different service types require different levels of assurance (i.e., QoS 

requirements) from the network (Table 2.2). Real-time applications such as voice and video 

transmission need a packet by a certain time, otherwise the packet is essentially worthless; 

non-real-time applications such as file transfer and e-mail emphasize reliability [Han03]. 
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2.4.2 QoS models in wired networks 

The QoS in wired networks is generally offered either with the network traffic engineering or 

with the over-provisioning of resources [ZeiO 1]. 

In the over-provisioning of resources approach, the capacity of network is upgraded by 

adding more resources (e.g., upgrade of routers, data links, network cards, etc.), which 

makes the network more resistant to the requirements of multimedia applications. The 

advantage of the over-provisioning of resources approach is that is easy to be implemented 

since the resources can be upgraded gradually. However, the main drawback is that this 

approach offers only one service class, since all flows have the same priority, and the 

network may become unpredictable during times of bursting and congestion traffic. 

The network traffic engineering approach classifies the applications in service classes and 

assigns each class with a different priority. This overcomes the drawbacks of the previous 

approach since the existence of several classes in the network. Several choices of QoS 

achieving are possible [ZeiO 1]: 
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Reservation-based technique: it is used in the model of QoS RSVP-IntServ, 

and implemented in some networks such as A TM (Asynchronous Transfer 

Mode). The resources are distributed according to the application needs in 

terms of QoS [Rfc2210], and which depend on the policy of management of 

QoS. 

Reservation-less technique: there is resources reservation in the network. The 

QoS support is achieved by adding some modules into the network such as: a) 

admission controller, b) traffic classes' module that aims to differentiate the 

processing priority of data packets (e.g., assured, controlled-load or best-effort 

services, in the IntServ architecture [Bra94]). The DiffServ architecture [Bla98] 

implements the classes by marking the field TOS (Standard of Service) in each 

Ipv4 packet ( or the field TC in lpv6) so that the later receives a particular 

treatment, c) queuing mechanisms which is given the responsibility to remove 

the low-priority packets in the case of congestion, and to explicitly inform the 

nodes in order to avoid the congestion. 

Significant efforts have been made by the IETF to enhance the current Internet to support 

multimedia services. In the following, we describe two widely used standards: Integrated 

Services (IntServ) [Bra94] and the Differentiated Services (DiffServ) [Bla98]. 

2.4.2.1 IntServ 

IntServ model was proposed by IETF to support real-time applications. The key feature is to 

offer some control over the end-to-end packet delays in order to meet the real-time QoS. 

IntServ model identifies three main categories of services that can be provided to users: 

- Best effort service is characterized by the absence of a QoS specification. The network 

delivers a best possible quality. 

- Controlled-load service [RFC2211] is intended for applications requiring reliable and 

enhanced best-effort service. 
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Guaranteed service [RFC2212] is necessary for an application having a constraint of real-

time traffic. This service is planned for the applications which have a need for strict 

guarantee in terms of end-to-end delay. 

The three major components of the IntServ architecture are 1) the admission control unit that 

checks if the network can grant the service request; 2) the packet forwarding mechanisms, 

which perform the per-packet operations of flow classification, shaping, scheduling, and 

buffer management in the routers; and 3) the resource reservation protocol (RSVP) [Bra97], 

which sets up some flow states ( e.g., bandwidth reservations, filters, accounting) in the routers 

a flow goes through [Con99]. 

• adnmsion cootrol 
•clH$ification 
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• scheduling 

Figure 2.12: IntServ network 
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IntServ model assumes that resources ( e.g., bandwidth) must be explicitly managed for each 

real-time application (Figure 2.12). This requires a node to reserve resources by RSVP 

mechanism in order to provide specific QoS for flows, which in tum requires flow-specific 

state in the node. 

However, the acceptance of IntServ from network providers and router vendors has been quite 

limited, mainly due to scalability problems [Man97]. The scalability problems arise because 

each node is required to process signaling messages and to maintain traffic handling state for 

each and every conversation. In large networks supporting large numbers of conversations, 

this burden is considered prohibitive [Yor00]. 
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2.4.2.2 DiffServ 

To alleviate the scalability problems of IntServ, a new service model called Differentiated 

Services (DiffServ) has been proposed. DiffServ architecture is a scalable solution for 

providing service differentiation among flows without any per-flow buffer management inside 

the core of the network [Adi98]. While IntServ supports QoS by connection admission 

control, DiffServ requires the provisioning of network with enough capacity so that customers 

in each traffic class receive the desired QoS. Although the two models seek to solve the same 

problem, DiffServ is seen deployed at a rapid pace in the internet because of its simple 

construction. 

DîffServ 

• poHcing ( delay or drop) 
• sd1eduling • ichedu1ing 

Figure 2.13: DiffServ network 

Two types of routers are differentiated in this architecture: edge and core routers. DiffServ 

tries to remove complex tasks from the core and assign them to the edges of the network. For 

instance, traffic controllers that operate on single flows are only acceptable at the edge of a 

DiffServ domain [Bla98]. At the edges of a network, traffic entering the network is classified, 

conditioned, and assigned to different service classes. Each packet carries in its header a six 

bit field, called Differentiated Service (DS) field, which specifies the class to which the packet 

belongs. The DS field is initialized by the ingress router upon the packet arrival. The core 

routers of the network use the DS field to process the packets. Within the core routers, packets 
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are forwarded according to the Per-Hop Behavior (PHB) [BlaOl] associated with the DiffServ 

field. Implicit reservation is done in the form of a service level agreement, which is agreed 

upon between users and network providers (Figure 2.13) [Han03]. Since the number of classes 

at a core router is small, packet processing can be efficiently implemented 

Add to the best-effort service, Diftserv architecture provides two per-hop behaviors or levels 

of service: Expedited Forwarding (EF) [RFC2598] and Assured Forwarding (AF) [RFC2597]. 

Expedited Forwarding is typically used to provide minimal delay, jitter, and packet loss, and 

to guarantee the required bandwidth. Packets that violate traffic profile requirements are 

dropped. The EF service is suitable for delay-sensitive applications such as voice and video. 

The AF service classifies 1P packets into four traffic classes and three levels of drop 

precedence. In a congestion case, high-drop-precedence packets are more likely to be dropped 

than low-drop-precedence packets. The AF service is designed to provide data applications 

with acceptable performance, overcoming the limits of the best-effort service currently offered 

by the Internet [Gia03]. 

2.5 QoS in wireless ad hoc networks 

Future generation of wireless networks will carry diverse kinds of multimedia applications 

characterized by their high exigency level of quality delivery. Tuen, the need arises in the 

wireless technology for QoS mechanisms to support real-time multimedia services. However, 

this is a challenging task in ad hoc architecture characterized by the mobility of nodes and the 

absence of infrastructure. 

2.5.1 QoS challenges in MANETs 

QoS support architecture in MANETs should have two main attributes [Cor98]: 

Flexibility: it is useful for the heterogeneity of the physical and MAC layers, as 

well as multiple routing protocols. 

Efficiency: it is useful for the limited processing power and storage capabilities 

of nodes, as well as the scarce bandwidth available. 

28 



The classical wired QoS models (e.g., IntServ, DiffServ) cannot entirely cope with the needs 

of QoS provisioning in the ad hoc networks. Providing suitable QoS support for the delivery 

of real-time audio and video traffic presents a number of significant technical challenges 

[Xue03]: 

Interconnection between source-destination devices relies on peer wireless and mobile 

nodes that operate as routers. Tuen, rerouting among mobile nodes causes topology and 

network load conditions to change dynamically, which may complicate the support of real-

time applications with appropriate QoS. 

Scarcity of resources in the ad hoc nodes requires that QoS mechanisms and signaling 

should not exhaust these resources. 

Flows relying on a pre-established path and resource reservation along the path will suffer 

traffic interruptions due to frequent path changes [Xue03]. 

QoS requirements such as latency are time-variant and can considerably change in a short 

time due to the mobility of nodes and radio interferences. 

The dynamic nature of wireless ad hoc networks makes difficult the task of the dynamic 

assignment of a central controller to maintain connection state and reservations [Ahn02]. 

The performance of most wired routing algorithms relies on the availability of precise 

state information. However, the nodes mobility in an ad hoc network makes the available 

state information inherently imprecise. 

The IntServ/RSVP model is not suitable for ad hoc networks because of: 

The necessity to maintain and establish the QoS information for each mobile node. This 

IntServ/RSVP feature requires a high capacity of processing and storage, which is 

undesirable for power-and-resource constrained ad hoc networks. 

RSVP is an "out-of-band" signalisation protocol (i.e., RSVP signalisation is not included 

in the data packets). This may cause a problem of competition between the signalisation 

and data packets in terms of resources. 

On the other hand, DiffServ seems to be an interesting model for the implementation in the 

internai routers (cores routers) because various flows will be in an aggregate, which facilitates 
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the routing inside the network. However, the dynamic topology of ad hoc networks disturbs 

the definition of the DiffServ architecture, in particular the notion of ingress, egress, and core 

routers in the network. 

2.5.2 QoS solutions 

A survey of the existing works reveals that there are man y sub-problems that are often brought 

up when attempting to provide QoS in a wireless ad hoc environment. Sorne of the aspects 

that researches tend to deal are presented hereafter: 

- QoS routing addresses the best and simple way to find a path through the network that is 

capable of supporting the requested level of QoS. 

QoS model is a framework for achieving QoS over one or multiple layers. 

- MAC layer offers to the upper layers the mechanisms to ensure QoS, such as the services 

differentiation. 

Signalization-based models define control messages that deal with the changes in the 

resources availability of the network. 

Other topics such as QoS maintenance and faimess issues are also interesting problems. 

Hereafter, we present a number ofworks realized in each aspect. 

2.5.3 QoS routing 

QoS routing offers routing mechanisms under which paths for flows are determined on the 

basis of some knowledge of resource availability in the network as well as the QoS 

requirements of the flows or connections [Cra98]. The main objectives of QoS routing are: 1) 

dynamic identification of optimaVfeasible paths, 2) optimal/best usage of resources, and 3) 

adaptation to network congestion. On the other hand, the QoS routing mechanisms should 

consider various design aspects: 1) dynamic topology, 2) scalability, 3) capability to deal with 

imprecise state information due to nodes mobility, 4) metrics oftraffic (e.g., delay, bandwidth, 

etc.), 4) QoS state maintenance, and 5) QoS violation detection and recovery. 
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QoS routing is probably the most active of the QoS for ad hoc networks sub-areas [Xuq03, 

LiaOl, Man02, Che99, Che98, etc.]. A brief description of some works is presented in what 

follows. Sinha has proposed in [Siv99], a core-extraction distributed ad hoc routing algorithm 

(CEDAR) that can identify a group of nodes called the core of the network, which can help in 

proving routes to applications with minimum bandwidth requirements. Two methods are used: 

the first one aims to maintain an approximate dominating set called the Core to reduce the 

routing complexity. The second method uses an algorithm that performs QoS routing by local 

propagation of control messages. CEDAR includes three key components: 1) core extraction, 

2) link state propagation, and 3) route computation. CEDAR is designed for small to medium 

size networks with tens to hundreds of nodes. In [Lia0l], the authors proposed a distributed 

(i.e., hop-by-hop) multi-path QoS routing scheme for mobile ad hoc networks called ticket-

based probing. This protocol selects a network path with suffi.cient resources to satisfy a 

certain delay ( or bandwidth) requirement. Similar to CEDAR, ticket-based probing does not 

use a flooding-based route discovery technique. Instead of randomly selecting man y potential 

routes to search for an acceptable one, ticket-based probing attempts to search only the best 

possible routes [Per02]. lmprecise state information can be tolerated and multiple paths are 

searched simultaneously to find the most feasible path. 

Adaptive Distance Vector (ADV) [Bop0l] is a distance vector routing algorithm that exhibits 

some on-demand characteristics by varying the frequency and the size of the routing updates 

in response to the network load and mobility conditions. It has been shown in the simulations 

that ADV outperforms AODV [Per99] and DSR [Jo96] by having significantly higher peak 

throughput and lower delay even at higher node mobility. [Das00] proposed another protocol 

which focuses more on traffic load issues with the idea of combating congestion. The authors 

develop a mechanism for adaptive computation of multiple paths in order to transmit a large 

volume of data packets from a source to a destination. Two features are considered: the first 

one is to perform preemptive route rediscoveries before the occurrence of route errors while 

transmitting a large volume of data. This aspect helps to find out dynamically a series of 

multiple paths in temporal domain to complete the data transfer. The second aspect is to select 

multiple paths in spatial domain for data transfer at any instant of time and to distribute the 

data packets in sequential blocks over those paths in order to reduce congestion and end-to-

end delay [Das00]. 

31 



In [Lin99], the authors proposed protocol for QoS support in a multihop environment, based 

on the destination sequenced distance vector (DSDV) routing scheme [Per94]. This protocol 

provides QoS support via separate end-to-end bandwidth computation and allocation 

mechanisms. The proposed bandwidth scheme depends on the use of a COMA over TOMA 

medium access scheme in which the wireless channel is time-slotted, the transmission scale is 

organized as frames ( each containing a fixed number of time slots) and a global dock or time-

synchronization mechanism is utilized [Per02]. That is, the entire network is synchronized on 

a frame and slot basis. This protocol can be applied to two important scenarios: multimedia ad 

hoc wireless networks and multihop extension wireless ATM networks. The fast rerouting at 

the paths failure is assured by the maintaining of a secondary path. When the primary path 

fails, the secondary route is used as primary route, and then another secondary will be 

discovered. 

Convenient frameworks based on cluster approach have been developed in [Eph87, Lin97, 

Par94, Wuh99] in order to satisfy the requirements of efficient network resource control and 

multimedia traffic support. These works considered important features such as channel access, 

bandwidth allocation, virtual circuit support, and power control. Following the clustering 

approach, all nodes are grouped into clusters. A cluster is a subset of nodes delegated to act as 

local coordinators to resolve channel scheduling; maintain time division frame 

synchronization, channel access, routing, and bandwidth allocation; enhance the spatial reuse 

of time slots and codes (among clusters); and perform power measurement/control. A node 

that can hear two or more clusterheads represents a gateway. Within a cluster, time-division 

scheduling is enforced [ Agg03]. 

2.5.4 MAC layer 

It is important to note that the ability to provide QoS depends also on how well the resources 

are managed at the MAC layer. 

Most of the proposed MAC QoS solutions use either a contention-free, scheduled access 

control such as Time Division Multiple Access {TOMA) or a contention-based medium access 

control. TOMA MAC protocols with QoS support include GSM [EbeOl] for cellular 
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telephony, satellite communications [Mar02] and Bluetooth in personal area networking 

[Blue, Car04]. The authors in [Che97, Hsu97, and Lin00] have designed protocols based on 

TDMA MAC layer. In these protocols, the admission control is performed by looking for a 

sequence of free time slots, while ensuring that nodes in each other' s contention range are 

allocated with different time slots to avoid collisions [Yan04]. However, time synchronization 

between all nodes is required, which may be expensive for ad hoc networks. In addition, the 

synchronization can fail because of the dynamic topology. 

Most recent QoS solutions for contention-based MAC are extensions to IEEE 802.11 

[IEEE97]. The IEEE 802.1 le standard [IEEE0l] currently under evaluation, attempts to 

propose QoS support for wireless LANs with a new enhanced distributed coordination 

function (EDCF) and a hybrid coordination function (HCF) polling scheme. The authors in 

[Kan02] suggested a QoS extension to IEEE 802.11 to include a distributed priority 

scheduling technique and a multi-hop coordination scheme that enables downstream nodes to 

adjust the priority of packets in transit to compensate for upstream delays [Car04]. The work 

in [She0l] proposed modification of the collision avoidance algorithm of IEEE 802.11 by 

implementing a sophisticated bandwidth allocation mechanism, which supports both VBR and 

CBR traffic. 

In order to avoid the cost of time synchronization in TDMA-based MAC layer protocols, 

[Kao0l] and [Luo02] have used a single channel MAC layer, such as IEEE 802.11. Each node 

constructs a neighborhood scheduling table by learning the packet deadline information at its 

neighbors, which is piggybacked in RTS-CTS-DATA-ACK packets. However, these 

protocols have a high message overhead due to the extra piggybacked information in the 

packets [Y an04]. 

While the standard IEEE 802.11 provides only best-effort service and makes no provisions for 

QoS support, other works have attempted to provide service differentiation at the MAC layer 

by manipulating the contention window [BarOl] associated with the backoff algorithm. The 

modification of backoff algorithm proposed in [Kan0 1] is capable of producing several service 

classes. In order to demonstrate the performances of this approach, the authors used three 

service classes, each with different channel access priorities. 
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In [Lic97], Gerla and Lin described a periodical packet reservation technique, multiple access 

collision avoidance with piggyback reservations (MACA/PR), which uses CSMA/CA as 

MAC layer and a bandwidth reservation technique at the network layer (IP). MACA/PR 

combines between RSVP and QoS routing algorithm to provide end-to-end (i.e., source to 

destination) QoS capabilities in ad hoc networks. Collectively, these components are called 

the MACA/PR architecture and are based on CSMA/CA and TDM (e.g., time-slotted 

bandwidth reservations). All nodes have Reservation Tables (RT) to see when and who is 

transmitting. The basic access scheme in MACA/PR for non-real-time packets requires 

RTS/CTS dialogue followed by the transmission of the data packet. Upon the reception of 

data packet by the destination, an ACK is sent to the source, providing a timeout mechanism 

for fast recovery in case of packet collisions. For real-time traffic, real-time scheduling 

information is carried (i.e., piggybacked) in the headers of data packets and ACK messages 

[Per02]. 

2.5.5 QoS models 

Sorne researches have presented mechanisms that enable QoS support independent of the 

routing protocols. The most noteworthy QoS models attempting to establish comprehensive 

solutions for MANETs are SWAN [Ahn02] and FQMM [Xia00]. Usually, a QoS model does 

not rely on specific protocol or layer. Instead, it defines a framework by which some services 

(e.g., per-flow or class-based) can be offered over one or multiple layers in the network. 

1.FQMM 

FQMM is the first QoS model proposed for wireless ad hoc networks. This model combines 

the advantages of both solutions implemented in the internet: IntServ and DiffServ. FQMM 

tries to preserve the per-flow granularity for a small portion of traffic in MANETs, given that 

a large amount of the traffic belongs to per-aggregate of flows, that is, per-class granularity. 

FQMM defines three types of nodes as in DiffServ [Xia00]: 
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• An ingress node is a mobile node that sends data. 

Interior nodes are the nodes forwarding data for other nodes. 

An egress node is a destination node. 

Since nodes are free to move resulting in topology changes, a single host may have multiple 

roles. An adaptive traffic conditioner is placed at the ingress nodes where the traffic 

originates. It includes several components: a traffic profile, meter, marker and dropper. The 

traffic conditioner is responsible for marking the traffic streams and discarding packets 

according to the traffic profile [Per02]. 

FQMM offers a good solution for small- and medium-size ad hoc network with fewer than 50 

nodes, but it is not suitable for large networks, which means that it suffers from the problem of 

scalability. Due to bandwidth limitation, FQMM tries to preserve the per-flow granularity for 

a small portion of traffic types in a MANETs, given that these form a small percentage of the 

total traffic load. Since the states of per-flow granularity corne from only small portion of the 

traffic, the scalability problem as in IntServ is expected to be significant. On the other side, 

this model does not consider large mobility scenarios. 

2.SWAN 

SWAN proposes a service differentiation in stateless wireless ad hoc networks by using 

distributed control algorithms. SWAN distinguishes between two traffic classes: real-time and 

best-effort. A classifier decides which type an incoming packet belongs to. In the case of real-

time data packet, it is processed as soon as possible. Otherwise, the packet is considered as 

low-priority and should wait until all real-time packets are dispatched. A shaper limits the 

relay oflow-priority traffic to reduce the contention between neighbouring stations [Ahn02]. 

SWAN cooperates with almost routing protocols. When a source station wants to send a real-

time traffic to another station, it probes the path to the destination station to identify the 

bandwidth available for real-time traffic. The source station is the only responsible of 

admitting or denying its own session. If the available bandwidth is sufficient, then the source 

station launches the session, else the session is refused. Intermediate stations along the routing 
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path do not charge of evaluating the session admission, and they do not keep any per-flow 

information, and thus avoid complex signaling and states control mechanisms. 

SWAN relies on feedback from the MAC layer as a measure of congestion in the network by 

using mechanisms of rate control and source-based admission control. The AIMD (Additive 

Increase Multiplicative Decrease) rate control algorithm is used at each node in order to 

perform the control of the best-effort traffic. The rate control restricts the bandwidth usage of 

best-effort traffic so that real-time applications can exploit the required bandwidth. The 

bandwidth not used by real-time applications can be exploited by the best-effort traffic. On the 

other side, SWAN uses sender-based admission control in order to perform the real-time 

traffic control. 

One of the drawbacks of SWAN is how to calculate the threshold rate limiting any excessive 

delay that might be experienced. SWAN adopts engineering techniques that attempt to set the 

admission threshold rate at mobile nodes to operate under the saturation level of the wireless 

channel [Mor03]. Also it uses merely two levels of services: real-time and best-effort traffic. 

However, SWAN remains the best example of stateless distributed QoS framework developed 

for wireless ad hoc networks. 

3. Signalization-based models: INSIGNIA 

Signaling is used to negotiate, reserve, maintain and free up resources, and is one of the 

challenging aspects of the network because it should be performed reliably with minimum 

overhead even when the topology changes. The two commonly used approaches are "Out-of-

band" and "In-band" signaling. In-band signaling refers to the fact that the control information 

is encapsulated into the data packets making the signaling approach easy and "lightweight". In 

contrast, explicit control packets are used in the out-of-band signaling approaches. The latter 
are characterized as "heavyweight" because additional information in the network can 

consume more bandwidth [ZeiOl]. 

INSIGNIA (In-Band Signaling Support for QoS in Mobile Ad hoc Networks) [Lee98] is one 

of the noteworthy QoS frameworks with per-flow granularity and reasonable treatment for 

mobility. The main goal of INSIGNIA is to provide adaptive QoS guarantees for real-time 
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traffic. INSIGNIA supports fast reservation, restoration, and adaptation algorithms. For that 

aim, INSIGNIA employs an in-band approach by encapsulating some control signais in the IP 

option of every data packet, which is called INSIGNIA option. Like in RSVP, INSIGNIA 

allows a management of traffic in per-flow fashion. The flow-state information is maintained 

for the real-time traffic on an end-to-end basis, informing the source nodes about the status of 

their flows. 

INSIGNIA is composed of a set of modules: the flow-state information and its periodic update 

are managed by a soft-state module. In coordination with the module of admission control, 

INSIGNIA module performs the allocation of bandwidth to flows when the required resource 

can be satisfied, otherwise the packets will be degraded to the best-effort service. INSIGNIA 

is only a signalization protocol; therefore it is necessary to cooperate with other protocols, in 

particular a routing protocol (e.g., AODV, DSR). The later detects the change in nodes 

positions and ensures the update of routing tables in each node. 

Two optional QoS levels are considered in INSIGNIA: base QoS and enhanced QoS. A flow 

in the network carries MIN/MAX bandwidth requests in the packet headers. At a bottleneck 

(i.e., node can support only MIN or best-effort QoS), all the nodes preceding the bottleneck 

will adjust their reservation to no more than the bottleneck's QoS. The source node will send 

either base QoS or enhanced QoS traffic when it receives a QoS report from the receiver 

indicating the total bandwidth reserved along the path [Xue03]. 

INSIGNIA is an adaptive in-band signaling protocol that respects the constraint of fast re-

establishment of QoS reservation for new route appeared in the network after a change in 

topology due to the network mobility. However, INSIGNIA requires the maintaining of per-

flow state information at each mobile node, which can be seen as compromising the scalability 

of a whole network. On the other side, the bandwidth is the only QoS parameter used in 

INSIGNIA. 
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2. 6 Conclusion 

We have attempted an introduction to the new but rapidly growing area of research on 

wireless ad hoc communications. An overview of some emerging technologies in this area has 

been presented. Clearly, the research and market interest observed in both academic and 

industry communities is firstly because of the proliferation of mobile computing and potential 

commercial usage of ad hoc technology, and secondly because of the rising popularity and 

necessity of multimedia applications. 

As explained throughout this chapter, there still remain many research problems. Among 

them, the most important and urgent one is the QoS support which is necessary to satisfy the 

requirements of real-time services. In addition to the basic issues in QoS, the chapter describes 

the efforts on QoS support in both wired and wireless ad hoc networks. The latter present 

characteristics (e.g., dynamic of topology, limitation of resources) that make QoS support a 

very complex process. However, much works are still to do in order to alleviate all QoS 

challenges. In the rest of our research, we propose effective and efficient solutions to the QoS 

support problem that will facilitate the support of multimedia services. 
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CHAPTER3 

A QOS SUPPORT MODEL BASED ON NEURAL 
NETWORKS FOR WIRELESS AD HOC NETWORKS 

3.1 Introduction 

In this chapter, we introduce GQOS, an intelligent QoS model with service differentiation 

based on neural networks for wireless mobile ad hoc networks. The objective of GQOS is to 

satisfy some QoS requirements, especially the minimization of end-to-end delay, in networks 

whose topologies change at low to medium rate. Our model is composed of a kemel plan 

which assures basic functions of routing and QoS support control, and an intelligent leaming 

plan which assures the training of GQOS kemel operations by using a neural network 

algorithm. New mechanisms of detection and recovery of QoS violation are developed and 

integrated to the kemel. The GQOS kemel operations allow routing and QoS functions such 

as: route discovery, resources reservation, admission control, adaptation of traffic to the 

network state, detection and recovery of QoS violation, etc. To regulate the traffic, a flexible 

priority queuing mechanism is introduced. One of the advantages of our GQOS kemel plan is 

that resources allocated during the reservation phase are automatically removed in an 

independent and fully-distributed manner when a flow path changes due to dynamic topology. 

In addition, the QoS violation caused by the dynamic topology at lower and medium mobility 

is recovered. Furthermore, Multilayered Feedforward Neural Network (MFNN) allows a fast 

leaming of different operations performed by the kemel and permits a best traffic class 

selection and delivery according to flow requirements. 

We start by presenting an overview of our QoS model, and then we describe the main 

mechanisms and functionalities of GQOS kemel. Next, we illustrate the neural networks 

applied to the GQOS kemel. Finally, we show the obtained results from the simulation of 

GQOS. 
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3.2 GQOS overview 

Figure 3 .1 shows the plans that constitute our model. The routing plan and the QoS support 

plan compose the GQOS kemel. The intelligent leaming plan permits a dynamic adaptation to 

traffic conditions using a neural network. The later allows, once the training of the GQOS 

kemel operations is achieved, a decrease of the time required by the GQOS kemel to perform 

some tasks such as route discovery. 

i. -· _. _. _. -· -· _. _. GQOS_kemel. _. _. _. _. _. _. j 

Figure 3 .1: GQOS plans 

The cooperation between the different plans would improve the quality of data delivery in the 

network. Figure 3 .2 shows the main functionalities of GQOS: the routing scheme, which 

allows for path discovery, is performed by the routing protocol based on an on-demand 

routing. In our study, we considered an on-demand routing scheme because of its flexibility 

and advantages in comparison to a proactive scheme. The role of the QoS support is to 

accomplish QoS functions in terms of different constraints: bandwidth, delay, hops count, etc. 

Thus, the required functionalities, such as resources reservation and admission control, are 

assured by this plan. The guaranty intervals service classes (GISC) are a set of intervals that 

are calculated dynamically in the network, and that represent the network state in terms of 

diff erent metrics. They are updated on any variation in network resources or recovery of QoS 

violation. 

GISC allows suitable path selection according to the flow requirement. The detection and the 

recovery of QoS violation are assured by techniques that we have introduced in the kemel. 

The neural algorithm performs the training of the kemel operations and the testing of the 

requested set of QoS parameters in order to verify the leaming level of GQOS. Once the 

training is achieved, anode is able to select a next hop for routing the received data packets 
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without performing any other treatment, such as route discovery. In the following, we start by 

presenting GQOS kemel functionalities, and then we explain the intelligent leaming plan 

based on neural networks. 

user 
requirements 

3.2 GQOS Kernel 

training testing 

adaptation mechanism 

Figure 3.2: GQOS global view 

suitable QoS 
support 

The GQOS kemel assures the basic operations of the proposed model via a set of mechanisms: 

the routing scheme, admission controller, guaranty intervals, QoS violation detection and 

recovery, and priority queuing. Note that in this study, we consider only low network 

mobility. More details about GQOS kemel mechanisms are provided in the following 

subsections. 

3.3.1 Routing Scheme 

The main operations of the routing scheme are path discovery and resources reservation. A 

node state in this scheme may take one of the following states: checked, during the path 

discovery, reserved, in the resources reservation phase, allocated, at the reception of data 

packets, liberated, once the resources are not used by the node. These states are useful for the 

detection and recovery of QoS violation as will be explained in section 3.3.5. In addition, the 
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reserved resources are automatically liberated to be used by other flows if no data packets are 

received within a short period. The routing scheme follows a pure on-demand rule, and it 

relies on dynamically establishing routing table entries in the network nodes. The later neither 

maintains a global routing table nor exchanges it periodically. 

A) Path discovery process: this process is performed before the source S really transmits 

data packets to destination D. The paths discovery starts by broadcasting a route request 

(RREQ) short message by S toits neighbors. As the request propagates from S to D, it carries 

an information flow serving to calculate the delay, bandwidth, and hop count for such a 

specific path. 

The intermediate node performs the admission control policy (see section 3.3.2) at soon as it 

receives RREQ packet (Figure 3.3). If the RREQ is accepted, then the node will add a route 

entry in its routing table with status checked and rebroadcast the request to the next hop. This 

status remains valid for a short period adapted dynamically according to the network resources 

state by the soft-states reservation mechanism (as will be explained in section 3.3.5). If no 

reply packet arrives at this node intime, the route entry will be deleted at the node and the 

reply packets coming after that time will be ignored. Each RREQ is identified by the 

(source_addr, sequence, Broadcast_ID). The fields hop_req, del_req, and band_req indicate 

respectively the required hop count, delay and bandwidth. These fields are useful for the 

admission control process based on hop count and /or end-to-end delay and/or available 

bandwidth. Note that the RREQs already processed are discarded by the node by keeping 

track of the RREQ identifier. In order to limit the time and length of path discovery, in terms 

of hop count, the variable time_to_live (TIL) is decremented at each hop. If it counts down to 

zero, the RREQ is dropped and no further processed. This is because we consider that even if 

a long path which satisfies the QoS requirements (such as bandwidth) may exist, the dynamic 

topology of ad hoc networks makes it difficult to maintain. 

packet_ type source addr dest addr sequence Broadcast ID 

previous_addr TIL hop_req del_req band_req 

Figure 3.3: RREQ format 
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B) Path reservation process: the destination node initiates the reservation process upon 

receiving the first RREQ by generating one route replay (RREP) short message. RREP is then 

unicasted back to the source along the reverse route. An intermediate node, which receives an 

RREP (Figure 3.4), checks its resources availability, and it updates its route status to reserved 

if the packet is accepted. Note that any intermediate node may initiate the reservation process 

if it knows the route to the destination, and if the corresponding sequence number is greater 

than or equal to the one contained in the RREQ; by appending information to the partial route 

into an RREP, and sending it back to the source. The fields; hop_rep, del_rep, and band_rep 

corresponding to the QoS criteria are initialized at the beginning of reservation process, and 

they are updated when an intermediate node receives RREP. Hence, the source node will 

detain, at the reception of RREP, a view about the network status which allows it to make a 

decision about transmission. 

The routing scheme uses the sequence number to avoid possible loops during path discovery. 

The sequence number is also useful for detecting stale cached routes. 

packet_ type source addr dest addr Sequence 

hop_rep del_rep band_rep 

Figure 3.4: RREP format 

3.3.2 Admission control policy 

The policy of bandwidth control and end-to-end delay control is discussed hereafter. The QoS 

control plan tries to find routes that satisfy a maximum of constraints between the source S 

and the destination D. For each constraint, a set of paths and their resource measurements 

(which represent the guaranty intervals) are calculated. Note that in our discussion of service 

class selection and guaranty intervals at a particular node, the word ''path" designates the next 

hop in that node routing table. 

A) Bandwidth contrai: The bandwidth control is very useful for the resources use 

optimization. Hence, it is a critical constraint for real-time applications. In our study, the value 

of the available bandwidth /J at node i is function of the node bandwidth capacity BCi and the 
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traffic T; at this node. W e do not consider extemal interferences; therefore, we do not deal 

with the reduced capacity through interference from neighboring nodes. 

W e define bandwidth do main rp(i) of a node i that covers the first and the second vicinities of 

i by the set: 

rp(i) = {Tif /17(i,j),or17(17(i,k),j)}, 

where 17(i,j),17(17(i,k),j)) are the neighboring relations defined as: 

17(i,j) = {i has a link withj} 

The bandwidth available p; at a node i is then: 

(3.1) 

Therefore, the available bandwidth at the node i depends on the traffic generated at this node, 

the traffic travelling through this node, and the traffic generated at the neighboring nodes. W e 

use (3 .1) to determine the path offering a maximum bandwidth among n paths. Assume that 

Nif]kis the bandwidth at the node k in the path /, then (3.2) allows the calculation of the 

minimum bandwidth available within each path. 

(3.2) 

.... ' 

(3.3) 

where8 _B1denotes the bandwidth of the path we are looking for. Let band_req be the value 

of the requested bandwidth in the RREQ message arriving at node k in path /. (3.3) is solved 

by using the following process. During the travelling of the RREQ along a path /, each node k 

calculates MIN ( band _req, N1 /Jk) and makes a decision to forward the RREQ if the bandwidth 

requested is available; otherwise the request is discarded. Upon receiving each RREQ, the 
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destination will initialize randomly the field band _rep to a value higher than its bandwidth 

value. Tuen, an RREP is generated and sent back to the source. As soon as the RREP is 

received by an intermediary node k on the path /, the calculation of MIN (band_rep, Ni /Jk) is 

performed and stored in the node routing table and then set to a newly generated RREP. 

Upon receiving the first RREP by the source node, a sorting algorithm for computing the 

maximum bandwidth is activated and is performed at the reception of other route response 

packets. Let ô _B' be the maximum bandwidth value among the n RREPs received, and P 1 

be the associated path. 

Now we have to identify the guaranty interval service class (GISC). To that end, we extract 

the second feasible bandwidth o _B2 using (3.4). 

(3.4) 

Gl(B1
) = [o _B2 ,<5 _B'] is the first guaranty interval for bandwidth constraint; the feasible 

path associated is noted P 1 
• Similarly, we identify the second GISC: 

(3.5) 

Gl(B 2
) =[ô _B3 ,ô _B2

] represents the second guaranty interval, withP2 being the feasible 

path associated. W e can calculate other guaranty intervals as follows: 

ô _Bk =MAX(X/n,I) -ô _Bk-l) (3.6) 

and pk is the path generated by 8 _Bk, it will be the path associated to Gl(Bk-1 ). 

The utility of these guaranty intervals is described in section 3.3.3. 

B) End-to-end Delay contrai: In this control, we search for the routes offering a minimum 

delay between Sand D. Assume that N;dj is the delay at the nodej in the path i, which is the 

time required by j to receive and process packets as detailed in (3.7). Tuen, the minimum end-

to-end delay between Sand D is MIN(Xt·I)), and the associated path will be the optimal path 

in terms of delay. 
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de4,,,1n =Ni.do+ .... + Ni_dk + ..... + °Ni.dm 

_x<n,l) _ 
d - de{,,,thi = M; do + · ... + N;dk+ + N;dm (3.7) 

de{,,,thn=N,,do + ... + N,,dk + .... + N,,dm 

In order to build the intervals of service classes, our routing scheme not only attempts to find 

the minimum end-to-end delay only, but also other feasible delay values. Upon receiving a 

route request by node j and before sending it to node j+ 1, the computation del_req - Ni dj is 

performed and stored in the node routing table (del_req is the requested delay). Tuen, it is set 

into a newly generated RREQ which will be sent to the next node. Note that this computation 

is useful and necessary for making a decision about the satisfaction of the delay requirement. 

If del_req - Ni dj < 0, then the route request is discarded. 

Once D receives a request, it initializes the path calculation where it sets del_rep = 0, and then 

del_rep + Ni dk is computed at each intermediate node k on path i back to S, stored in the node 

routing table, and sent into a new route replay. The minimum of path delay is determined at 

the source node level by using a sorting algorithm that we implemented in GQOS kernel. 

Among some n del_rep received, the selection is performed on the minimum delay, 

notedo _D1
' the second minimum delayo _D2

' the thirdo _D3
' etc. In (3.8)M1Nk gtves a 

minimum of order k. 

o _D1 is the minimum delay, having P 1 as associated path. 

The other minimums are determined as follows: 

(3.8) 

(3.9) 

GJ(D1
) = [o _D1 ,o _D2

] defines the first guaranty interval for the delay constraint, and the 

path associated is P 1 
• 

Similarly, we identify other guaranty intervals: 
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(3.10) 

where the path generated by <5 _Dk, pk, is associated with the GI(Dk-l) defined by (3.11): 

(3.11) 

C) Hop count control: The calculation of the feasible paths based on hop count and their 

corresponding guaranty intervals is similar to the calculation of the end-to-end delay, because 

the hop count control is also an additive metric that needs to be minimized. 

3.3.3 Guaranty intervals 

GISC are used by the source node in order to select the ad hoc (adequate) paths for data 

transmission. GISC are composed of the interval values and their associated feasible paths. 

The algorithm presented in Table 3 .1 allows us to check and to select the suitable service class 

for a flow bandwidth requirement (similar algorithms are applied for other QoS constraints). If 

the QoS requirement is within the GISC interval, then this class is considered to be suitable 

and also to be the best. Otherwise, if the flow requirement is less than the lower value of the 

interval of some available service classes, then all these classes are considered to be suitable, 

and the protocol selects a service class from the suitable classes based on some criteria. The 

criteria can be for example: a) the suitable class with the biggest lower interval value; b) the 

suitable class with the smallest lower interval value; or c) simply a randomly selected suitable 

class. Note that similar processing can be performed for other QoS constraints. 

Lemma: Consider A1 , A2 , .... , An to be the paths relating the source node S to destination 

node D, and lm ( A1) , lm ( A2 ) , •••• , lm (An) the associated measurement functions in terms of 

the QoS metric m . Tuen, the problem of determining the path which offers a better metric 

performance within guaranty interval [a,p] is a resolvable problem. 
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Table 3.1: Algorithm for GISC bandwidth constraint 

Check availability (B _jlow); 
{ 
Selected = false /*initialization of a variable indicating 
the result of selection*/ 

/*we traverse service classes (the number ofclass is U)*/ 
While (CS <U) 
{ 

} 

If (B _j/ow) €] Pcs. Pcs+d 
{ 
/* the convenient service class to B _jlow is reached * / 

PBcs = PTSELCT (JPcs, Pcs+l]) 
/* activate the feasible path PBcs corresponding */ 
ACIV (PBcs) 
Break; 

} 

/* the bandwidth requirement does not found a suitable 
service class * / 

If selected = false then 
{ 
/*select the smallest service class CS where B _jlow is 

less than Pcs * / 
If exist CS where ((B _jlow < Pcs)) 
{Select MIN (CS) 

} 
} 

PBcs = PTSELCT (] Pcs. Pcs+il) 
Selected = true 

/* Start the paths discovery ifthere is no suitable service class*/ 
Ifselected = false then Start (Paths discovery process) 
} 

Proof. we say that A 1 has better performance than A; for the metric m with a parameter s if: 

fm(A;) < fm(A): 

{[fmA; (s)]'dsl(P-a) is the derivate of fm(AJover the interval [a,p]; the comparison of 

QoS satisfaction of A; and A 1 over [a, p] is then given by the equation (3 .12): 

f ifm(4(s))-f,,,(Als)))'dsl(/3-a) = 
<Jm(4(/J))-fm(~(/J)))-(jm(4(a))-fm(A)a)))Y(f3-a) 
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A j off ers better performance than Ai if: 

lm (A; (P))- lm (A; (a))< fm (A j (P))- lm (A j (a)) 

Let Ô(Ai) = lm (Ai (P))- lm (A; (a)) 

Ô(A j) = lm (A j (/3))- lm (A ia)) 
Tuen, 

Ai has a better performance than A j if: Ô(Ai)>Ô(Aj) 

A; has a worse performance than Aj if: Ô(Ai)<Ô(Aj) 

Ai has the same performance as Aj if: Ô(Aï)=Ô(Aj) 

3.3.4 Priority Queuing 

The prioritization scheme is one of the tools used to achieve a service differentiation in mobile 

ad hoc networks. The SWAN model uses priority queuing by limiting the amount of real-time 

traffic in order to process the lower priority packets. The FQMM model uses a simple priority 

queue to ensure that high-priority packets are processed before low-priority ones. Our model 

implements a separate queue for each class. 

The GISC shares a buffer space; when is not occupied by one service class, it is assigned to 

other classes if there is a need. By using priority queuing, the congestion prediction and 

prevention becomes possible at node level. Before occupying all buffer space, the node 

informs its neighbors to slow down the traffic when sending ACK packet (the reception of 

ACK packet indicates that a data packet was received successfully). The rate decrease (RD) of 

traffic is calculated according to the priority queuing state (small or large congestion) of the 

node having sent ACK. Consequently, the new traffic rate of transmission (NT) would be: 

NT = OT - ( OT *RD)/ 100 , where OT is the old traffic rate. Hence, the traffic is adapted 

according to the network state. 

3.3.5 Detection and Recovery of QoS violation 

In order to support multimedia applications in ad hoc networks, the mechanisms permitting 

the detection and recovery of QoS violation are of central importance. 
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1) QoS violation detection: To address this issue, we propose two methods: the first one is 

based on different states of resource reservation on intermediate node, as for second one, it is 

based on the time of receiving data packets. These two methods are explained below. 

a. Soft-states resources reservation for QoS violation detection: The resources available in 

an intermediate node may take one of four states (Section 3 .3 .1): checked, reserved, allocated 

(at the reception of data packet), and liberated (once the resources are not used). Each state 

has a short interval called "soft-state interval" (Figure 3.5). During the routing process, the 

resources available are temporarily reserved to the flow for a short time 8. When an 

intermediate node receives a data packet it allocates the resources reserved over the next 

interval. Therefore, if a new packet is not received within the soft-state interval, then resources 

are released and flow states are removed in a fully decentralized way. 

M tl checked ~t t2 M 
. ~-~ -·· .. 

liberated liberated 
~t 

allocate 

liberated 

Figure 3 .5: Soft-states of an intermediate node in GQOS 

Consider Mas the soft-states interval (time difference between two states i and}) of an 

intermediate node. µ , the target satisfaction which, defines the desired percentage of packets 

to be sent within the QoS constraint, where µ = 1 corresponds to best QoS guaranty and 

µ = 0corresponds to the best-effort transmission. Then, (3.13) verifies the probability that M 

is less than the time requested value 8 and the session request to be accepted. 

(3 .13) 

In many cases, the statistical distribution of delay of each node along the path can be 

approximated by a Gaussian distribution. Under this hypothesis, and assuming independence 
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among nodes statistics, the soft-states interval tu.ms out to be a Gaussian variable. Let m5P and 

Œ;P be the statistical average and the variance respectively of the random variable Sp, (Spis 

the soft-states time of a given node). Therefore, the soft-states interval statistics can be 

expressed as follows: 

(
'5-m J P[~t ::; t5] = 1-Q Sp 

(]'Sp 
(3.14) 

Where Q represents the complementary distribution function of a Gaussian variable with 

mean O and variance 1. 

Consider v the actual time satisfaction provided by the intermediate node as given by (3.14). 

Therefore, a QoS request flow would be satisfied even though the average soft-state interval 

was increased to the value m Sp given by: 

(3.15) 

The QoS violation is detected at the intermediate node if the soft-state time is greater than m5P 

( m5P is the time bound of the soft-state interval). This tool of QoS violation detection is also 

useful for optimizing the use of available bandwidth because it permits to liberate the reserved 

bandwidth if it is not allocated to any flow. 

b. Delay QoS violation detection: It is used to detect the QoS violation during the 

transmission of data packets. It triggers automatically the recovery process when the time 

estimated to receive a packet is exceeded. This excess is caused either by broken links or 

congestion as a consequence of the traffic augmentation in the network. Denote: 

I; : The time needed to generate an RREQ at the node i, which has del_ node as the current 

delay available at its routing table. 

!'!t.Tr : The estimated packet processing time at the source node. 
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!J.TG : The lapse of time between sending two consecutive data packets by the application 

generating the traffic. 

Now, we can compute the estimated time TEXC for receiving a data packetj by anode i. 

(3.16) 

Thus, the QoS violation can be detected at a node by monitoring the delay of the arriving data 

packets given by (3.16). If anode receives a data packetj whose delay exceeds the maximum 

time TEXC(j) , a QoS violation is detected and the QoS recovery mechanism will be 

triggered. 

2) QoS violation recovery: Because it allows decreasing the traffic rate when an excess traffic 

is detected, the priority queuing is an efficient way to prevent a QoS violation that can be 

caused by the congestion in the network. On the other hand, GQOS applies a recovery 

mechanism that can be used to re-establish the route along a new path when a path is broken. 

The approach adapts the routing paths according to the new network state caused either by 

node's mobility or a degraded path state. When a QoS violation is detected at anode x, a 

neighbor node z will send a short update message to the destination D. Tuen, D will broadcast 

back to the source S an update message. The same computations, as in the route discovery 

process in terms of admission control, will be performed during the traveling of the update 

message to S. Note that loops are avoided by decreasing the sequence number value of the 

node z before it initiates the recovery process. 

3.4 Intelligent learning plan 

The intelligent learning plan performs the training of the GQOS kernel operations. To that 

end, we use neural networks. A neural network is a robust artificial intelligence technology 

that can handle a complex and dynamic nature of various processes. As such, this technology 

has been gradually gaining acceptance in the industry treatment as a tool for process modeling 

and control. One main functional characteristic of neural networks is its distributed capability 
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because of its particularly parallel architecture. It possesses man.y inputs and treats the 

problem in a parallel way. Using an appropriate form of training data makes processing time 

independent of the traffic load in the network. It is also useful for optimizing the decision 

rules adaptively based on the change of the environment and the states of the system [Zur92]. 

In our study, the multilayer feedforward neural network is used for optimizing the GQOS 

kemel decision adaptively according to the network state. 

y 

Adaptation 

N 

Discovery process 

y 

Reservation 

y 

Establishment of GISC 

Suitable service class 
selection 

Learning 
o eration 

Figure 3.6: Schematic diagram ofGQOS operations 

3.4.1 Multilayered Feedforward Neural Network (MFNN) 

Requirements 
Receipt 

Services 
classification 

Traffic class 

MFNN is considered as one of the best neural network models used in practice because of its 

simple architecture and various domains of applications. The processing components of 

MFNN are called neurons. The neurons are interconnected together by a modifiable means 
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named weights, representing the strength of link weight [Zur92]. The network is divided into 

layers: the input layer consists of the inputs to the network; the hidden layer consists of a 

number of neurons placed in parallel where each neuron performs a weighted summation of 

the inputs and then generates via a transfer function an output through the output layer. In 

order to assure the adaptive behaviour of the network, the correlation between successive 

levels of neurons is changed when the weights\ values are modified. The adaptive behaviour 

process is known as training. Training is the process of estimating the connecting weights by 

minimizing some overall error measures, using mechanisms such as Back Propagation 

algorithm (BP). BP is a widely used neural network training algorithm. Mathematical details 
related to BP are described in many neural network references such as [Zur92] and [Jai96]. 

In order to train a neural network to perform some task, the weights of each unit should be 

adjusted in such a way that the error between the desired output and the actual output is 

reduced. This process requires that the neural network computes the error derivative of the 

weights. The back propagation algorithm is a widely used method for determining this error 

named MSE (Mean Squared Error). It is calculated as the mean square difference between the 

desired output and the actual output. Since we look to minimize the error for each weight 

separately, the overall error may increase. Tuen, we should calculate the total output error 

after each adaptation when that error is greater than the previous rejected error. After that, we 

calculate new learning rates. The modification of weights continues until the actual output 

approximates the desired response. The long convergence time problem of BP is solved by 

incorporating the weight momentum term in BP [Jai96]. 

3.4.2 Application of MFNN over GQOS 

A schematic diagram of GQOS operations is presented in figure 3.6. It shows the relationship 
between the GQOS kemel operations and their training process using neural networks. The 
operations (i.e. the functionalities described in figure 3.2 such as the admission control and 

QoS violation detection and recovery) are represented by squares, and the check of success of 

operations is represented by rhombus ('Y' and 'N' signify respectively the success and the 

failure of the operation). Once the network is trained with the data offered by the kemel 
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mechanisms, it would be possible to select the suitable service and the next hop in order to 

satisfy the flow requirements. One of the advantages of this technique is the reduction of the 

time required by the different mechanisms of the GQOS kernel discussed in the sections 

above. 

As shown in figure 3.6, the training of the network is realized after several scenarios of 

execution of the kernel operations such as discovery process, reservation process, QoS 

violation detection and recovery, traffic adaptation (via queuing priority), etc. Once the 

training phase of the network is realized, GQOS starts the testing operation (second phase) 

over additional scenarios in order to validate the results of the first phase. The success of the 

network learning would be able to satisfy the flow requirements without performing the 

operations required by the kemel. 

We have chosen a three-layer MFNN model using the back-propagation (BP) algorithm. The 

dimension of the input patterns that represent the QoS requirements specifies the number of 

input nodes. Concerning the number of hidden layer nodes, according to the Kolmogorov 

theory [Kur95], if the number of input nodes is N, then 2N+l hidden nodes can be used. The 

output nodes are determined by the number of categories to be classified. In our case, we 

classify three categories which correspond to the traffic with delay constraint, traffic with 

bandwidth constraint, and best-effort traffic. We opt for a binary classification, then each bit 

of a desired output presents either state 1 or state 0: State 1 signifies "belong to" and state 0 

signifies "does not belong to" a given category (i.e., 001 means that the desired output pattern 

belong to category 1 ). 

3.5 Simulation 

The performance of the presented QoS model is studied with simulations. The main 
functionalities of GQOS kemel is implemented with GlomoSim [Baj99]. We investigated 

GQOS performances with different node speeds and multiple traffic flows. The simulation 

environment consists of 50 nodes moving in an area of 1000 by 1000 m. The random way 

point mobility model is implemented at each node in the network during all simulation time 

(600s). In the beginning, the nodes are randomly placed in the area. Tuen, each mobile node 
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selects a random destination and moves with a random speed up to a maximum speed of 

20m/s. After reaching the destination, the node will stay there for a given "pause time" then 

starts to move towards another destination. 

The simulation consists in two steps: the first one investigates the performances of GQOS 

kemel compared with both the 'original model' and the SWAN model. We use the word 

'original model' to refer to wireless ad hoc networks without the GQOS kemel mechanisms. 

The original model is simulated by using the 802.11 MAC protocol with the Dynamic Source 

Routing (DSR) algorithm [Joh96]. In the simulation, we focus on the performance comparison 

between our model and the SWAN model. In the second step, we exploit the data provided by 

the first step in order to study the performances of the training process of the intelligent 

learning plan. We considered 5 TCP flows, 5 voice flows and 5 video flows, which are active 

and monitored for the duration of simulation (600 s) representing real-time traffic. TCP flows 

are greedy FTP type of traffic with packet size of 512 bytes. Voice traffic is modeled as 

32kbps constant rate traffic with a packet size of 80 bytes. Video traffic is modeled as 

200kbps constant rate traffic with a packet size of 512 bytes. 
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Figure 3.7: Average end-to-end delay versus mobility 
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Figure 3.8: Average throughput versus mobility 
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Figures 3.7 and 3.8 show, respectively, the average end-to-end delay and the average 

throughput of traffic with various values of mobility. It is observed in figure 3.7 that the 

average end-to-end delay in GQOS is reduced by more than 40-60% compared to the original 

model. Furthermore, the average throughput of GQOS, as illustrated in figure 3.8, decreases 

slowly from 99% to 91 %, whereas in the original model the average throughput decreases 

from 76 % to 54%. For different scenarios of mobility in our model, the average end-to-end 

delay grows very slowly, and the traffic throughput becomes almost constant, with less than 9 

% reduction in throughput. The interpretation of these results is discussed below where we 

compare our model with the SWAN model. 
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Figure 3.9: Average end-to-end delay versus mobility 
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Figure 3.10: Average throughput versus mobility 

The impact of mobility on the average end-to-end delay in GQOS and SWAN is illustrated in 

figure 3.9. It is shown that the average end-to-end delay of traffic in GQOS increases slowly 

as mobility increases, and it grows only for the highest mobility scenarios. The average delay 

offered by GQOS is about 10 % better than that offered by SWAN at non-high network 

mobility. This shows the performances of the implemented GQOS mechanisms. However, for 
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the highest mobility scenarios, the average end-to-end delay of traffic in SWAN is slightly 

smaller than in GQOS. The impact of high mobility on delay is due essentially to the latency 

of the route discovery and the route interruption. In our model, the impact is due also to an 

additional computation time of GQOS mechanisms. In the case of SWAN, its stateless nature 

makes it more resistant to mobility factor. At high nodes mobility, SWAN acts better by using 

the rate control of TCP and UDP traffic and it ensures that if the delay increases beyond a 

certain threshold, some flows will be dropped in order to maintain low delay for the remaining 

flows. 
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Figure 3 .11: Average packet loss versus mobility 

Figure 3.10 shows the average throughput versus node mobility of both the GQOS and SWAN 

models. We observe that for lower and medium mobility, the average throughput in GQOS 

decreases slowly from 99% to 91 %, whereas SWAN average throughput decreases from 98% 

to 88%. As shown in figure 3.11, the packet loss of SWAN increases more than in GQOS as 

mobility increases. SWAN relies only on feedback from the MAC layer as a measure of 

congestion in the network. However, other factors such as node speed may be essential in 

determining the accurate resources available. This explains why some flows are dropped in 

SWAN. However, for higher mobility scenarios SWAN slightly outperforms our protocol. 

The impact of mobility on throughput is due to the broken links in the route relaying source 

and destination and to the increase of collisions, which may generate error messages and cause 
congestion along the new route. 
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Figure 3.12: Distribution of the delivery packets 

A simple distribution of the delivery packets of both GQOS and SWAN is described in figure 

3.12. It is shown that GQOS has more packets with packet delay smaller than 0.ls. About 96.5 

% of packets with delay less than 0.ls are received by the destination compared with 93% of 

SWAN packets. This result is useful for real-time traffic where the time constraint is very 

important. The cooperation between different mechanisms of GQOS has provided the result 

above. We observe also that 89% of the packets having delays of more than 0.ls in GQOS, in 

comparison to 92% for SWAN, are received by the destination. Following the mechanisms 

proposed by our model, we remark that our model outperforms SWAN by about 10% at lower 

and medium mobility. 

In what follows, we will be interested in examining the leaming plan. To that end, we exploit 

the information provided by the GQOS kemel. In order to minimize the time of transmission, 

we want to design an instrument that can identify suitable service class and QoS satisfaction 

levels from resources measurements given by GQOS kemel. W e have a total of 1000 data for 

which we have measurements of different QoS requirements. W e divided the data up into 

training, validation and test subsets. 

The neural network algorithm implemented has three-layers as we explained in section 3.4.2, 

with a tan-sigmoid transfer function in the hidden layer and a linear transfer function in the 

output layer. W e classify three output categories which correspond to traffic with delay 

constraint, traffic with bandwidth constraint, and best-effort traffic. The Levenberg-Marquardt 

algorithm [Hag94] is selected to assure the training function because of its better convergence 

properties [ J ai96] than the conventional back propagation. Once the training is realized, the 

source node should be able to select a next hop for routing the data packets without 
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performing any other treatment such as the route discovery. The next step is to perform some 

analysis of the network response. We put the entire data set through the network and perform 

a linear regression between the network outputs and the corresponding targets. 

Best Linear Fit: A= ([J.913) T + ([J.00102) 
0.03 ...--~----,-----.-----, 

0.02 
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Figure 3.13: Network outputs plotted versus the targets 

The graphical outputs resulting from the training function is illustrated in figure 3 .13. The 

network outputs are plotted versus the targets as open circles. A dashed line indicates the best 

linear fit. The perfect fit ( outputs equal to targets) is indicated by the solid line. The two 

parameter values of best linear fit A (0.913 and 0.00102) correspond respectively to the slope 

and the y-intercept of the best linear regression relating targets to network outputs. We can see 

that our A values are close to the suitable case (1 and 0 respectively). The R-value that 

represents the correlation coefficient between the outputs and targets is equal to 0.958 (a 

perfect correlation is reached when R is equal to 1 ). R is a measure of how well the variation 

in the output is explained by the targets, the value found in our case reflects this best variation 

in the GQOS intelligent learning plan. 
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Figure 3.14: Squared error of the GQOS traffic classification with incrementing rate= 0.1 
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Figure 3.16: Squared error of the GQOS traffic classification with incrementing rate= 0.8 
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Figures 3 .14-3 .16 show the squared error of GQOS traffic classification with different values 

(respectively 0.1, 0.5, and 0.8) of the ratio to increase learning rate of the Levenberg-

Marquardt training algorithm. We observe that the squared error equals about 10-5 after about 

10 epochs of the training process in the three cases; this means a good traffic class satisfaction 

to the source requirement. The graph shows the duration of training required for selecting a 

next hop to perform the data delivery. The multilayered feedforward neural network, as shown 

in figures 3 .14, 3 .15 and 3 .16, is able to classify the traffic according to the QoS requirements 

and to deliver data after only 10 epochs. In other words, if we consider that each epoch 

corresponds to a number of cycles of delay delivery, and the gain obtained is inversely 

proportional to the number of epochs, then the end-to-end delay required to transmit data 

packets from source to destination is minimized by about 10%, which is a small enhancement 

for multimedia applications requirements. 

3.6 Conclusion 

We have proposed a GQOS model, which is a service differentiation QoS model based on 

neural networks in wireless ad hoc networks. Our objective was to satisfy some QoS 

requirements, especially the minimization of end-to-end delay, in networks whose topologies 

change at low to medium rate. We presented the main operations and mechanisms of GQOS 

plans. The first plan in GQOS is the kernel, which accomplishes tasks permitting to provide 

QoS guaranties to the user requirements in terms of various metrics. The second plan is the 

intelligent learning plan which performs essentially the training of GQOS kemel operations 

using MFNN in order to reduce the delivery time of data packets. 

Under non-high network mobility, the simulation results show that GQOS provides 

performances about 40% better than the original model (i.e. IEEE 802.11 without GQOS 

mechanisms) and 10% better than SWAN in terms of end-to-end delay and average 
throughput. An additional gain ( about 10%) in terms of delay is obtained via the training 

process accomplished by the MFNN. Therefore, we can conclude that MFNN do not offer 

high performances for real-time applications. These performances having not been very 

promising, we had to explore other techniques that would give better results. In the next 

chapter, we will develop new approach, called MARS, that is based on semi-stateless 
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information, and which gives better performances and serves as a component of the fuzzy 

logic QoS approach we propose in the chapter 5. 
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CHAPTER4 

SEMI-STATELESS QOS APPROACH FOR WIRELESS 
AD HOC NETWORKS 

4.1 Introduction 

The proliferation of multimedia technology has spurred growing interests in the use of mobile 

ad hoc wireless networks. To date, many works have been proposed to achieve this goal. In 

terms of design, two approaches are distinguished: "stateful" and "stateless". In the QoS 

stateful approach (e.g., [Lee00], [Sob99]), there is a need to signalling and complex control 

mechanisms. The stateful-based protocols need flow state information to be maintained in the 

network. This is difficult to manage in highly dynamic networks and is poorly scalable as the 

number of mobile nodes grows. On the other hand, the stateless approaches (e.g., [Ahn02]) do 

not use and maintain flow state information. Rather, they typically use feedback-based 

mechanisms and local control to support service differentiation and real-time services. 

In what follows, we study a QoS semi-stateless approach. We propose MARS, which is a QoS 

model with service differentiation based on a semi-stateless approach for wireless ad hoc 

networks. We aim essentially to minimize the end-to-end delay of multimedia traffic. For that 

purpose, we propose three regulation schemes in order to assure the control of traffic. MARS 

uses control mechanisms to support soft-real time traffic and service differentiation delivery. 

An admission control with a temporary reservation process (TRP) is used for UDP real-time 

traffic. The objective of the regulation techniques is to adjust dynamically the transmission of 

traffic according to the network conditions in order to assure a good utilization of resources. 

The response to the fluctuations is performed by the source nodes, which adjust consequently 

the transmissions. 
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The proposed MARS model is a semi-stateless approach because it tries to take some 

advantages and overcome some problems of both "stateless" and "stateful" approaches. In 

order to refresh and update per-flow state information, MARS uses minimal information 

available on the network nodes. As cited earlier, the stateful protocols need complex control 

mechanisms, and maintain flow state information at each node in the network. This feature is 

not necessary in the stateless protocols. However, in the case of relatively large networks with 

high dynamics, the stateless source-based approaches may get an old view of the real status of 

resources (for instance, bandwidth). In addition, the problem of "illusory readings", in which 

multiple source nodes read the state of the network simultaneously, may lead to the admission 

of more traf:fic than what an intermediate node is capable of supporting. To overcome this 

problem, some stateless approaches such as SWAN use AIMD rate control [Jac88, Chu99]. 

However, this technique does not predict the illusory readings. Rather it lets them occur and 

then performs traffic regulation. This may complicate the task of the rate controller afterwards 

especially in the case of a large number of flows. 

The organization of the rest of this chapter is as follows. In section 4.2, we describe the main 

mechanisms and functionalities of MARS. Section 4.3 shows the simulation results of the 

proposed model. Finally, we conclude the chapter in section 4.4. 

4.2 MARS mechanisms and functionalities 

4.2.1 MARS overview 

Figure 4.1 illustrates the schematic diagram of the main mechanisms and functionalities of the 

MARS model, used to support QoS in a dynamic wireless environment. The routing scheme 

and the temporary resource reservation process perform the discovery of routes and bandwidth 

reservation as will be discussed in the next section. The admission controller efficiently 
estimates the local available bandwidth at each node. Many multimedia applications such as 

VOIP are delay sensitive or bandwidth sensitive. Hence, providing information about real 

network state can be useful for the decision on the acceptance of new flow. The decision to 

admit a new flow is done by the admission control mechanism. The classifier is able to 

differentiate between flows in terms of QoS requirements, best-effort flows and real-time 

65 



flows in order to delay the best-effort packets. The classified packets are regulated using the 

regulation schemes according to the application requirements. Like in SWAN, MARS does 

not require the support of a QoS-capable MAC for service differentiation. Rather, real-time 

services are built using existing best-effort wireless MAC technology. The regulation schemes 

dynamically adjust the traffic according to the feedback information received from the 

network state. 

request for flow flow admission/ 
admission reject 

probe request 
routing scheme 

1
_, ______ --1 

no marie of 
packet 

temporary resource 
reservation 

feedback 
information 

Figure 4.1: A schematic diagram of MARS model 

4.2.2 Admission control based on temporary resource reservation process 

The main task of the admission control is to determine whether the available resources in a 

network can meet the requirements of a new flow while maintaining bandwidth levels for 

existing flows. Accordingly, the decision is performed on the acceptance or rejection of a 

flow. This function is conducted together by the source node and other intermediate nodes. 

Note that in MARS, the source node has a final decision to accept or reject the user QoS 

requirements based on the feedback information on the state of the network. This feedback 
measure is the packet delay measured by the MAC layer, which is calculated in [Ahn02] by 

the difference between the time of receiving an ACK packet (from the next-hop) and the time 

of sending a packet to the MAC layer (from the upper layer). The admission control measures 

also the rate (bits/sec) of real-time traffic by listening to packets sent within the radio 

transmission rang. Note that the cooperation between the admission control mechanism and 
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the regulation techniques (Section 4.2.3) assures that the total traffic (i.e., best-effort and real-

time traffic) is within a threshold rate that would cause congestion and trigger an excessive 

delay. 

The problem of illusory readings cited above is aggravated in the stateless approaches where 

intermediate nodes do not maintain state information, and admission control is conducted only 

at the source node in a decentralized manner. In such a setting, multiple source nodes can read 

simultaneously the state of the network (via request/response probes) and admit more traffic 

than what an intermediate node can support. The illusory readings may appear also during the 

period of network exploration, (i.e. the time between a probe request is sent and a probe 

response is received at the source node). The source nodes may receive responses to their 

requests indicating that resources are available when in fact they are not. 

To best explain the problem of illusory readings, let's consider the following example. 

Consider two voice flows at a rate of 32 Kbps and one video flow at rate of 200 Kbps. If we 

consider that the available bandwidth at a common intermediate node is 220 Kbps, then only 

one single flow video could be supported. However, all flows are accepted in the case of 

illusory readings, this creates aggregation of 264 Kbps at the common node. To overcome this 

problem of local congestion which may cause excessive delay for multimedia application, 

some stateless approaches such as SWAN use AIMD rate control. However, as mentioned 

earlier, this technique does not prevent the illusory readings. In addition to the AIMD rate 

control, this proposed model exploits the temporary reservation process (TRP} with the 

admission control as will be shown in what follows. 

MARS first evaluates the available bandwidth in the network in order that the bandwidth 

requirements of all the flows do not exceed the resources in the network. The estimation of the 

end-to-end available bandwidth is performed by sending a request from the source node to the 

destination. For that purpose, a control packet is exploited by using an additional field "B" that 

initially contains the value of the requested bandwidth "Bre/'. At each intermediate node, a 

comparison is performed between the value of B and the available bandwidth "Bava/' of the 

current node. The value of the field B is updated if it is bigger than the value Bavai of the 

current node. When the destination receives the control packet, B represents the minimum 
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bandwidth available along the path, and it is copied to a newly generated short replay message 

(SRM). The latter packet is transmitted back to the source node. At the same time, the 

performance of the temporary resource reservation process (TRP) takes place. 

Additional fields are used during the TRP mechanism. These fields are stored in each 

intermediary node in order to specify the "temporary reservation status" of the node, the 

"status duration", and the "flow _identifier". The first field is set to the value of the reserved 

bandwidth and the status duration is set to a certain value "T". T indicates the period of time 

within which the temporary reservation is performed. Note that even when the temporary 

reservation is performed by a flow, other flows can also exploit the available resources of the 

node. After the expiration ofT duration, the reserved bandwidth is released. 

The evaluation of the right status duration to be set at a particular node should be correctly 

performed because this calculation needs to take into account the number of hops between the 

source and the particular node, and also the delays between the intermediate nodes. Let' s 

consider M the temporary reservation interval of a flow in a given intermediate node. Other 

flows originating from other source nodes can also use the available resources during 11t . 

Letµ be the target delivery rate which defines the desired percentage of packets to be sent 

within the QoS constraint, where µ = I corresponds to best QoS guaranty and 

µ = 0corresponds to the best-effort transmission. Tuen, (4.1) verifies the probability that M 

is greater than a given time value 8 and the flow request to be accepted. 

(4.1) 

A good evaluation of ( 4.1) requires the destination to be acquainted with the statistical 

descriptions of delay of each node along the path. However, in many cases, the statistical 

distribution of such a parameter can be approximated by a Gaussian distribution. Assuming 

independency among nodes statistics, the temporary reservation time among the nodes turns 

out to be a Gaussian variable. If we consider mrr and cr;r the statistical average and the 

variance of the random variable Tr , respectively ( Tr is the temporary reservation time in a 

given node), then the temporary reservation interval statistics can be expressed as follows: 
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(4.2) 

where Q represents the complementary distribution function of a Gaussian variable with mean 

0 and variance 1. 

Let v be the actual time satisfaction provided by the intermediate node as given by ( 4.2). 

Hence, the flow request would be satisfied even if the average temporary reservation time was 

increased to the value mrr given by (4.3): 

(4.3) 

The satisfaction of the requested target delivery rate for a given flow is met if the temporary 

reservation time is smaller than mrr ( mrr is the time bound of the temporary reservation 

interval). After the duration mrr , the temporary reservation status of a node is set to O. This 

permits the release of reserved resources in order to be used by other flows. This assures a 

good utilization of resources. 

4.2.3 Dynamic regulation of traffic 

The objective of the regulation technique is to adjust dynamically the transmission of the 

traffic according to network conditions. The source nodes respond to the fluctuations and 

initiate the adjustments accordingly. The detection of overload or congestion at a particular 

node is possible by periodic measurements of the traffic rate. In MARS, when congestion is 

detected, the congested node sends a congestion notification message (CNM) to the source 

node. Note that this mechanism is different from the one used in other approaches such as 

SWAN. In the later, it is the destination node that monitors for congestion and notifies the 

source node using an additional message in a network which is already overloaded. To show 

the theoretical gain obtained by MARS comparatively to SWAN, let consider the scheme in 

figure 4.2; where n is the number ofhops between source Sand destination D, k is the number 
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of hops between P (the congested node) and S, and t the average transmission time between 

two hops. 

s p 
0 0 e O 0 0 

D 
0 

k -------------+ +--------------------n 

Figure 4.2: Messages between source, congested node, and destination 

The time required by SWAN to notify Sis: TCswan= (2n-k) t 

The time required by MARS to notify S is: TCmars = k t 

Hence, the gain oftime is shown in (4.4): 

TCG = TCswan - TCmars = (2n - k) t - k t = 2(n - k) t (4.4) 

The gam of time obtained is useful in various multimedia applications where the time 

constraint represents a challenge. The time optimized in ( 4.4) permits to regulate the traffic 

sent sooner after the detection of congestion, and on the other side to minimize the end-to-end 

delay. Upon the reception of the CNM packet by the source node, the latter tries to re-

establish the session taking into account both the minimum requirement of the original 

bandwidth requested and the new state of the network. 

MARS proposes three schemes for traffic regulation. These regulation schemes are used with 

the increasing rate technique of the classic AIMD algorithm. We present the proposed 

schemes in what follows. 

4.2.3.1 Flows-based Regulation (MARS-1) 

In the flow-based regulation scheme, the intermediate node detecting the congestion sends a 
CNM packet to all source nodes which originated the flows. For each source node, the CNM 

packet includes the traffic regulation rate. Sorne stateless models such as SWAN send a 

notification without specify the rate of flow regulation. The new rates in MARS-1 are 

calculated as follows: 
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Cft = CJ; 
Cf/ = Cf2 - h2 

(4.5) 

CfrN = Cfr - hr 

CfpC/2 , ••••• , Cfn are the old rates of the congested sessions, and Cft ,cft , ..... , Cft are the 

new ones. Note thatcf 1 + Cf 2 + ..... +Cf, > Th , where r represents the number of flows, and 

Th represents the threshold admission rate. The distribution of the bandwidth rate over the 

congested sessions is performed equitably by asking each source j to reduce its traffic rate by 

a value hjcalculated in (4.6): 

Th h. =Cf.(1---) 
J J L~=ICJ; 

(4.6) 

4.2.3.2 Priority-Based Regulation (MARS-2) 

In MARS-2, rather than considering all congested sessions to have the same priority, we 

consider different priorities for the flows. The notion of priority is important in many 

applications and can be useful in several areas. This kind of regulation scheme has not been 

considered (to the best of our knowledge) in other existing stateless ad hoc models. Note that 

packets belonging to lower priority flows are selectively dropped prior to packets of higher 

priority flows. The computations below describe how to compute the new rates of the 

congested sessions in MARS-2: 

(4.7) 
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(4.8) 

WherePJ,Pi, .... , Pr are the priorities of the different flows, andy1,y2 , •••• , Yr the 

corresponding priority factors calculated by ( 4.8). A priority factor yj of a flow j is always 

comprised between O and 1. 

4.2.3.3 Constraint-based regulation (MARS-3) 

This scheme of regulation is a way of scheduling between a set of congested flows. The 

scheme is realized according to flow constraints. For instance, if the priority is given to the 

delay constraint, then the flow with bandwidth constraint can be delayed in the case of 

congestion. The congested node selects a set of congested flows (f) for a period of time (T) 

and then calculates a new congested set as described in (4.9). 

(4.9) 

Where a, p, ô are the weighting factors which select the flow to be regulated according to the 

application constraint and the network state where fD, fB, /J are the flows traversing the 

congested node characterized respectively by the constraints of delay, bandwidth, and jitter. 

Assuming that Cfg is a set of k flows to be regulated and Cfg is the set of the prioritized 

flows. The latter are not delayed. This means that they pass, without regulation, through the 

congested node because of their prioritized constraint. The regulation rate factor h is 

calculated as follows: 

Th 
h . = Cf. (1- k ) 

i i " Cl". _L.i=l :/ i 

(4.10) 

This regulation scheme is useful when a constraint-based preference is considered between the 

congested flows in the network. 
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4.3 Simulation 

This section investigates the performances of MARS model using ns-2 simulator [Kev97]. 

Two steps are considered to assess the performance of our model: the first one investigates the 

performance of our model in an environment characterized by a single shared channel. The 

second step considers a multi-hop environment with different mobility scenarios. Throughout 

the simulation, the first scheme of regulation (MARS-1) is used, and each mobile host has a 

transmission range of 250 meters and shares an 11 Mbps radio channel with its neighboring 

nodes. 

1) Performance of a single shared channel 

In this first case, we study a wireless ad hoc network that comprises a single shared wireless 

channel. The source and destination nodes associated with flows are distributed among the 

mobile nodes in a wireless ad hoc network of 150m x 150m. In the simulation, we use 

scenarios of TCP best-effort traffic, 4 voice and 4 video flows in the aim ofbetter understand 

the properties of the MARS regulation. The TCP traffic is modeled as a mixture of FTP and 

Web traffic. Web traffic represents micro-flows, whereas FTP traffic corresponds to macro-

flows. TCP flows are greedy FTP type of traffic with packet size of 512 bytes. Web traffic is 

modeled as short TCP file transfers with random file size and random silent period between 

transfers. The file size is driven from a Pareto distribution with a mean file size of 10 Kbytes 

and a shape parameter of 1.2. The length of the silent period between two transfers is also 

Pareto in distribution with the same shape parameter with a mean of 10 seconds. 

The video and voice flows representing real-time traffic are active and monitored for the 

duration of 100 seconds. Video traffic is modeled as 200 Kbps constant rate traffic with a 

packet size of 512 bytes. Voice traffic is modeled as 32 Kbps constant rate traffic with a 

packet size of 80 bytes. 

The simulation investigates the performance of MARS compared with both SWAN model 

described in [Ahn02] and the 'original model'. We use the word 'original model' to refer to 
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IEEE 802.11 wireless networks without MARS mechanisms. We run a large set of simulations 

in order to study several cases. 

The impact of increasing web traffic on the average end-to-end delay in MARS compared to 

the original and SWAN models is shown respectively, in figures 4.3 and 4.4. It is observed in 

figure 4.3 that the increasing number of web micro-flows has much more impact in the 

original model than in MARS. The delay in MARS remains around 2 msec, whereas in the 

original model it grows from 1.8 to 7 msec when the number of web micro-flows increases 

from 8 to 72 web micro-flows. On the other hand, it is observed in figure 4.4 that the average 

delay of traffic in SWAN and MARS models is similar for up to 32 micro-web flows. 

However, for higher numbers of web micro-flows, the end-to-end delay of traffic in MARS 

becomes smaller than in SWAN. The gain achieved by MARS for average end-to-end delay is 

about 8% compared to SWAN. 
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Figure 4.3: Average delay in the original and MARS models vs. number of web micro-flows 
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Figure 4.4: Average delay in MARS and SWAN models vs. number of web micro-flows 
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Figures 4.5 and 4.6 show the impact of the growing number of UDP video flows on the 

average end-to-end delay in MARS compared respectively to the original and SWAN models. 

The real-time traffic is used with a mixture of TCP best-effort traffic that consists of 16 Web 

and FTP flows. It is observed in figure 4.5 that the original model shows an average delay 

larger than 12 msec with only 5 video flows and over 20 msec with 15 or more video flows. 

MARS shows delays inferior to 2 msec with 5 video flows, and less than 3 msec with 20 video 

flows. The reduction achieved in terms of the average end-to-end delay is then about 85% in 

comparison to the original model. Figure 4.6 illustrates that for up to 20 video flows, MARS 

outperforms SWAN by about 5-12%. The average delay in both models grows slowly with the 

number ofvideo flows. When the latter becomes high (>20), the end-to-end delay oftraffic in 

SWAN becomes slightly smaller than in MARS. The impact of a high number of flows on 

delay is due essentially to the congestion at the nodes. When the delay is increased beyond a 

certain threshold, some flows are dropped in order to maintain a low delay for the remaining 

flows. 
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Figure 4.5: Average delay in the original and MARS models vs. number ofvideo flows 
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2) Performance in multihop environment 

The multihop network considered in this section consists of 50 mobile nodes. The network 

area has a rectangular shape of 1500m x 300m that minimizes the effect of network 

partitioning. The flows traverse three intermediate nodes on average between source and 

destination. The routing protocol referred to in figure 4.1 is the AODV protocol. The real-time 

traffic is modeled as 4 voice and 4 video flows, and the TCP traffic is modeled as a mixture of 

web and FTP traffic. 

Figures 4.7-4.10 show the increasing number of TCP flows with the average end-to-end delay 

and throughput of traffic. Figure 4. 7 illustrates a significant difference in terms of the average 

delay between the proposed model and the original model. With the increasing number of 

TCP flows, the average delay in MARS grows slowly and remains less than 7 .5 msec. In 

contrast, the average delay in the original model grows from 7 to 31 msec as the number of 

TCP flows increases from 2 to 12 flows. This means that MARS reduces the average end-to-

end delay by about 76%. Figure 4.8 shows that the average delay in MARS is reduced, 

comparatively to SWAN, by about 34% with 4 TCP flows, and by 25% with 8 TCP flows. 

This significant impact on the average end-to-end delay is less observed in the case of 

throughput as shown in figures 4.9 and 4.1 O. The average throughput of the TCP traffic in the 

proposed model is about 12% less than the original model. This difference is less noticed 

between MARS and SWAN as shown in figure 4.10. The previous results confirm that by 

adopting the MARS mechanisms, we can achieve a reduction in the average end-to-end delay 

by about 76% in comparison to the original model at a cost of 12% decrease in throughput. 

Furthermore, MARS outperforms SWAN model at lower and medium scalability of the TCP 

flows. 
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Figure 4.10: Average throughput in MARS and SWAN vs. nwnber ofTCP flows 

We observe in figures 4.11-4.14 the impact of mobility on the performances of MARS 

compared to both the original and SWAN models. We used 4 video flows, 4 audio flows, and 
10 TCP flows. The random waypoint mobility model [Bro98] is implemented at each node in 

the network. In the beginning, the nodes are randomly placed in the area. Tuen, each mobile 

node selects a random destination and moves with a random speed up to a maximwn speed of 

20m/s. After reaching the destination, the node will stay there for a given "pause time" then 

starts to move towards another destination. This process is repeated during all simulation time. 
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A significant difference in terms of the average end-to-end delay between MARS and the 

original model is observed in figure 4.11. The average delay in MARS grows only for the 

highest mobility scenarios and remains almost less than 10 msec, whereas the average delay in 

the original model grows from 25 to 38 msec. This means a reduction of the average delay in 

the proposed model by more than 78%. It is also observed in the figure 4.13 that the TCP best-

effort traffic throughput decreases slowly with a growing mobility in both the original and 

MARS models. This decrease in terms of throughput is by about 9-20%. For different 

scenarios of mobility in MARS, we observe that the average end-to-end delay grows slowly, 

and it remains less than 1 0msec, which permits a delay gain of more than 78%. 

Figure 4.12 illustrates the average end-to-end delay with different mobility scenarios in both 

MARS and SWAN models. It is observed that the delay of traffic in MARS grows only for the 

highest mobility scenarios. The average delay offered by MARS is about 13% better than that 

offered by SWAN at lower and medium mobility. When the mobility becomes high, the 

average delay in SWAN becomes slightly smaller than in MARS. SWAN acts better than the 

proposed model at higher node mobility. In the latter scenarios, some flows are dropped in 

both SWAN and MARS models because of the difficulty in capturing the dynamics of the 

environment. On the other side, it is shown in figure 4.14 that for different mobility scenarios, 

the throughput in MARS and SWAN models is almost similar even at higher network 

mobility. 

1 0,04 
1 ~:;~.1 1 .. 

1 -" = 0,032 
_ ...... - ... .. .. .. ---$ 0,024 ... - --.. 

Cl 
;, 0,01! 

" ; 0,008 .. < 0 
300 200 120 80 30 

Mobillty tlm• .... , 

Figure 4.11: Average delay in original and MARS models vs. mobility 

78 



' 0,01 7 
1......, 1 
1 1 

1~0,0081 
' .. 
i "'50,oœ l 
ICI : 

Il t°'004î :0,002: 
1< 

i-MARS\ 
i ............ SMN[ 

1 O+------~----~ 
1 300 200 120 eo 3) 

1 {PauH tft, ••c) 

Figure 4.12: Average delay in MARS and SWAN vs. mobility 

î400 
" i 3:i!) 

! 240 -., 
Il 160 1 -MARS 1 

i i 60 j - - · • · · original f 

l l 1 

'1- a+------------
300 200 120 eo 3) 

(Pause One, sec) 

Figure 4.13: Average throughput in original and MARS models vs. mobility 

-MARS 
'•••••SWAN 

200 120 60 30 

Mollility (P .... -. HC) 

Figure 4.14: Average throughput in MARS and SWAN models vs. mobility 

In what follows, we show some illustrations of the trace graph obtained in the simulation that 

uses a mixture of real-time and TCP flows. Figures 4.15-4.17 show the impact of node 

scalability in MARS in a multihop environment where a mixture of real-time flows and TCP 

flows is used. These figures show the trace of the packet delays versus the simulation time 
using respectively, 10, 20, and 50 nodes. These figures illustrate that when the number of 

nodes grows, the average end-to-end delay increases linearly. The average delay becomes 

high only for the highest scalability scenarios. The average delay in figures 4.15, 4.16 and 

4.17 is respectively, 1.67 msec, 1. 77 msec, and 2.98 msec. 
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4.4 Conclusion 

We presented a QoS support model based on semi-stateless service differentiation delivery for 

wireless ad hoc networks, named "MARS". We explored how a semi-stateless approach can 

pro vide better performances than other stateless approaches. W e presented the main 

mechanisms and functionalities of MARS. The performance evaluation of the proposed model 

using the ns-2 simulator was illustrated. A large set of simulations have been run under 

different mobility, channel, and traffic conditions in order to study the benefits of MARS over 

both SWAN and original model (i.e. IEEE 802.11 wireless networks without MARS 

mechanisms ). 

Simulation results show that under non-highly dynamic topology, MARS experiences stable 

and low delays. The achieved gain in terms of average end-to-end delay is about 70-78% over 

the original model, and about 13% to 25% over SWAN. In the following chapter, we will 

develop a new intelligent QoS approach based on fuzzy logic and having MARS as a kernel. 

This approach is to enhance the quality delivery of multimedia applications, to provide better 

results in terms of throughput and end-to-end delay, and to support efficiency real-time traffic. 
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CHAPTER5 

TOWARD THE USAGE OF INTELLIGENT 
APPROACHES FOR QOS SUPPORT IN WIRELESS 

AD HOC NETWORKS 

5.1 Introduction 

In this chapter, we propose to explore fuzzy logic, a widely used artificial intelligence 

technique, in order to support QoS in ad hoc networks. The advance in the field of artificial 

intelligence and the progress in its application in telecommunications, and the growing 

scientific interest in ad hoc networks are reasons to think about coexistence and interoperability 

among these two areas. In the past few years, some intelligent methods have been applied in 

the area of ad hoc technology with the aim to obtain more adaptive and flexible models over 

the existing models. In [Car04], Caro proposed AntHocNet, which is a new routing algorithm 

based on ideas from ant-based routing. This protocol is inspired from the works done in the 

wired networks, where a number of successful ant-based routing algorithms exist ( e.g., ABC 

[Sch96] and AntNet [Gia98]). AntHocNet used the concept of ant colony optimization, which 

consists of both reactive and proactive components. In a reactive path setup phase, multiple 

paths are set up between the source and destination of a data session, and during the course of 

the communication session, ants proactively test existing paths and explore new ones [Car04]. 

The simulation of AntHocNet has shown a better performance than the well known AODV 

protocol. 

The CORTEX project proposed in [Ver02] is concemed with developing middleware support 

for constructing proactive applications based on a paradigm called "real-time sentient 

objects". CORTEX proposed a sentient object programming model based on anonymous 

event-based communication. This system consisted of an environment and a set of sentient 

objects that are capable of independently sensing this environment, deriving context and 
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inferring autonomous action. Applications built from sentient objects may cooperate using 

event channels to establish higher-level contexts and thus cooperate with each other [Siv04]. 

Reznik in [Rez04] proposed to investi gate the issues for improving the reliability and accuracy 

of the decisions in ad hoc sensor environments. He proposed an approach that off ers a way of 

integrating sensor measurement results with association information available or priori derived 

at aggregating nodes. This approach is used for describing both sensor results and association 

information with consideration given to both Neuro-Fuzzy and probabilistic models and 

methods. The information sources available in sensor systems are classified according to the 

model (fuzzy or probabilistic), which seems more feasible to be applied [Rez04]. 

In [Cha04], the authors described a policy-based management system for improving the 

flexibility of wireless mobile ad hoc network. This system provides the capability to express 

networking requirements in the form of policies at a high level and have them automatically 

realized in the network by intelligent agents [Cha04]. The model proposed in [Oli04] 

investigated the use of fuzzy logic theory for assisting the TCP error detection mechanism in ad 

hoc networks. An elementary fuzzy logic engine was presented as an intelligent technique for 

discriminating packet loss due to congestion from packet loss by wireless induced errors. The 

results have shown that the fuzzy engine may distinguish congestion from channel error 

conditions, and consequently assist the TCP error detection [Oli04]. 

In chapter 3, we proposed GQOS model which is an intelligent QoS model with service 

differentiation based on neural networks for mobile ad hoc networks. GQOS is composed of a 

kemel plan which assures basic functions of routing and QoS support control, and an 

intelligent leaming plan which assures the training of GQOS kemel operations by using 

multilayered feedforward neural network (MFNN). The advantage of using a neural network 

algorithm is the fast learning of different operations performed by the kemel. However, the 

results of simulation showed that GQOS is not suitable under higher network mobility and 

traffic load. Consequently, we thought to apply another technique based on fuzzy logic. This 

because fuzzy logic is well adapted to systems characterized by imprecision states such as the 

case of ad hoc networks. 

83 



In this chapter, we explore an intelligent cross-layer QoS approach for wireless ad hoc 

networks. The proposed approach named FuzzyCCG is a fuzzy logic system for improving the 

traffic regulation and the congestion control for multimedia applications, based on the 

feedback information received from the MAC layer. FuzzyCCG combines two mechanisms: a 

fuzzy logic approach for best-effort traffic regulation (FuzzyCCG-1 ), and a fuzzy logic 

approach for threshold buffer management (FuzzyCCG-2). FuzzyCCG-1 was built over our 

previous work MARS (chapter 4). Soin the rest of the chapter, FuzzyCCG-1 is referred to as 

FuzzyMARS and FuzzyCCG refers to FuzzyMARS augmented with FuzzyCCG-2. 

FuzzyCCG also propose a new Fuzzy Petri nets technique (FPWIM) for modeling and 

analyzing the QoS decision making for traffic regulation. The feedback delays information 

from MAC layer is the key parameter of FuzzyMARS which ensures that best-effort traffic 

coexists well with real-time traffic in the multimedia applications. In FuzzyMARS, the 

feedback measure represents the packet delay measured by the IEEE 802.11 MAC which is 

integrated as a part of our architecture. The objective of the fuzzy regulation technique is to 

adjust dynamically the transmission oftraffic according to the network conditions. 

FuzzyCCG exploration is useful firstly, because of the dynamic nature of buffer occupancy 

and congestion at anode, secondly, because of the uncertain nature of information in wireless 

ad hoc networks due to the network mobility. In order to deal with the dynamic buffer 

occupancy and the uncertain and imprecise nature of ad hoc networks information, the fuzzy 

logic approach for threshold selection (FuzzyCCG-2) is proposed. Using fuzzy logic, 

FuzzyCCG-2 investigates the fuzzy thresholds ability to adapt to the dynamic conditions over 

the classical inflexible thresholds. The notion of threshold is practical for discarding data 

packets and adapting the traffic service depending on the occupancy of buffers. This means 

that the threshold function has a significant influence on the performance of networks in terms 

of both packets average delay and throughput. Therefore, the selection of a particular 

threshold may be decisive to the congestion control. This selection in the proposed approach is 

based on fuzzy logic. 

The fuzzy Petri nets technique, FPWIM, is included in FuzzyCCG for modeling and analyzing 

the QoS decision making for traffic regulation in wireless ad hoc networks. FPWIM exploits 

the fuzzy concepts to model the QoS approach decision making. The fuzzy Petri nets tool is 
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used for its efficiency and flexibility over other modeling tools (such as Petri nets) in the aim 

ofbetter modeling and representation the process of traffic regulation. 

We study the FuzzyCCG performances under different network conditions m terms of 

mobility and scalability. The simulation results confirm that FuzzyCCG promises to be an 

efficient QoS solution in terms of the average delay and throughput to support both real-time 

and non-real-time multimedia services. 

This chapter starts by an overview of the proposed QoS architecture. Tuen, we describe the 

proposed fuzzy logic approach and fuzzy Petri model for traffic regulation. The performances 

evaluation and simulation results are studied under different network mobility, traffic, and 

channel conditions. Finally, we conclude the chapter. 

5.2 Fuzzy logic 

Fuzzy logic theory [Lee90, Zad96] was first introduced by L. Zadeh in the 1960s as a tool for 

modeling the uncertainty of natural language, and has been commonly employed for 

supporting intelligent systems. This technology has proven efficiency in a various applications 

such as decision support and intelligent control, especially where a system is difficult to be 

characterized. A fuzzy logic system considers basically three steps: fuzzification, rules 

evaluation, and defuzzification. The first step is responsible for mapping discrete ( called also 

crisp) input data into proper values in the fuzzy logic space. For that end, membership 

functions (fuzzy sets) are used to provide smooth transitions from false to true (0 to 1). The 

second step performs reasoning on the input data by following predefined fuzzy rules. Once 

the input data are processed by fuzzy reasoning, the defuzzification takes the task of 

converting back these input data into crisp values. 

5.3 Overview of the fuzzy logic QoS Architecture 

Figure 5.1 illustrates the FuzzyCCG architecture. The presented schematic diagram aims to 

support QoS and to adapt to the dynamic changes of the environment. This is achieved by the 
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cooperation between a set of functionalities and mechanisms integrating a fuzzy logic system. 

We used our previous work MARS ( chapter 4) as component of this new architecture. To 

remember, MARS contains some functionality such as routing scheme, admission controller, 

and classifier. The local available bandwidth at each node is estimated by the admission 

controller, which decides to admit or reject a new flow. The classifier differentiates between 

flows in terms of QoS requirements; best-effort flows and real-time flows, in order to delay 

the best-effort packets. Note that even the admission control is performed to guarantee enough 

available bandwidth bef ore accepting new flow; the congestion may be experienced in the 

network because of mobility of nodes. Therefore, it is of central importance to assure the 

traffic regulation. The classified best-effort packets are regulated using a fuzzy logic system 

according to the application requirements and the network state. The fuzzy best-effort 

regulation uses the feedback delay received from the MAC layer. The fuzzy regulation 

process is performed in three steps: fuzzification, inference rules evaluation, and 

defuzzification. More details about the proposed fuzzy logic approach based on the feedback 

of MAC layer information will follow. 
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Figure 5.1: A schematic diagram offuzzy logic QoS architecture 
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5.4 FuzzyMARS: Fuzzy logic system for best-effort traffic regulation 

FuzzyMARS model explores how a fuzzy logic semi-stateless approach can provide better 

performances than other stateless-based approach. The simulation results show a significant 

reduction in terms of the average delay transmission. These promising results show that the 

usage of fuzzy logic can address some of the challenges of wireless ad hoc networks such as 

the dynamic topology and congestion aspects. 

5.4.1 FuzzyMARS Architecture 

FuzzyMARS aims to explore the efficiency of fuzzy logic to perform the regulation of best-

effort traffic. The use of fuzzy logic can add more flexibility and capability of operating with 

imprecise information due to the nodes' mobility in the wireless ad hoc network. The 

feedback delays from MAC layer is the key parameter of FuzzyMARS which ensures that 

best-effort traffic coexist well with real-time traffic in the multimedia applications. 

In the proposed fuzzy regulation approach, the feedback measure represents the packet delay 

measured by the IEEE 802.11 MAC which is integrated as a part of our architecture. 

Consequently, the measure of the packet delay is performed as follows: at the reception of 

packet by MAC layer, the latter listens to the channel and defers the access to the channel 

according to the CSMA/CA algorithm. When the MAC gets access to the channel, then RTS-

CTS-DATA-ACK packets are exchanged. The reception of ACK packet by the transmitter 

means that the packet was successfully received by the receiver. The time taken to send the 

packet between transmitter and receiver including total differed time represent the packet 

delay. This delay is calculated as the difference between the time that a packet is passed to the 

MAC layer (from the upper layer), and the time of reception of ACK packet from the receiver. 

Note that the received packet delay can reflect the network state: a high delay signifies that a 

possible situation of congestion has occurred in the network. Thus, when one or more packets 

have greater delay than a certain value, the traffic regulation process should be triggered in 

order to reduce the traffic because there may be a situation of congestion in the network. In 

the proposed solution, we adopt a fuzzy logic traffic regulation technique. 
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In FuzzyMARS, the fuzzy regulation control of the best-effort traffic is performed in response 

to the feedback delay by a means of fuzzy logic system. Three steps are considered: in the first 

step (i.e., fuzzification), the delay-measurements are transformed into fuzzy sets; then in the 

second step (i.e., rules evaluation) fuzzy rules are applied into the fuzzy input in order to 

compute the fuzzy outputs. The third step (i.e., defuzzification) translates the fuzzy outputs 

into crisp values. In the following, we give more details about these steps: 

5.2.a) Fuzzy input value of the delay-measurement 

membership degree 
L />(· .. r-·-·-........ ······ .. ,,/ 

.... ·..... .,,/···........ :I M H 

5 10 20 regulation rate(%) 

5.2.b) Fuzzy output value of the traffic regulation rate 

Figure 5.2: Fuzzification process 

membership degree I L M H 
t /~,<"·, .. r- · -0.7 / '•·/ 

03 < •,, 
0 ' 1 5 10 20 regulation rate(%) 

Figure 5.3: Defuzzification process 

1) Fuzzification: the delay-measurement obtained as feedback from MAC layer represents 

the fuzzy input parameter of FuzzyMARS. The fuzzy output parameter is represented by the 
traffic regulation rate. These two parameters have to be converted into fuzzy sets. Note that a 

fuzzy set may contain elements that have different degree of membership in various sets, 

whereas in an ordinary set an element should have a full membership in the set in order to be 

considered as a set member. Hence, if the delay-measurement parameter is considered in an 

ordinary set, then it can only be either low or high and not both simultaneously. However, the 
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delay-measurement in a fuzzy set can be classified as: not high, medium, or quite low. Thus, 

the membership of an element may be not the same over various fuzzy sets. The membership 

function, represented as a line or curve, indicates how to map each input (i.e., delay-

measurement) or output (i.e., regulation rate) parameters in order to obtain their membership 

values. 

The threshold values of the fuzzy sets are presented in figures 5.2 and 5.3. We represented the 

following sets: low (L), medium (M), and high (H). Let consider that the threshold for low 

delay-measurement is 2 msec, for medium delay-measurement it is 3 msec, and for high 

delay-measurement it is 4 msec. Tuen, by mapping the current delay-measurement onto the 

graph of the membership function, the delay will be allocated with a membership value in 

each set between O and 1. For example, in figure 5.2.a if the current delay-measurement is 2.3 

msec, then this value can be fuzzified into low delay with the degree of O. 7, medium delay 

with the degree of 0.3 and high delay with the degree of O. Figures 5.2.a and 5.2.b illustrate 

respectively, the process of fuzzification of delay-measurement and traffic regulation rate in 

FuzzyMARS. 

2) Rules evaluation: the fuzzy rules are presented as a set of rules "if( ... ) then ( ... )". 

Throughout rules evaluation process, these fuzzy rules are applied over fuzzy sets using an 

inference engine. The inference control of the traffic regulation rate is illustrated by the 

following rule: 

<< If the delay-measurement is increased, then reduce the actual traffic rate>> 

As the delay-measurement becomes high, this signifies that data packets take more time to be 

received by the destination node, which means that a possible congestion has occurred. 

Consequently, a decrease in the traffic transmission has to be performed to reduce the 

congestion level in the network. Thus, the decision-making logic of the traffic regulation rate 

follows the delay-measurement parameter. 

3) Defuzzification: in this phase, the resulted fuzzy decision sets will be converted into 

crisp values. We have chosen the method of mean of maxima (MoM) [Lee90] to perform the 

defuzzification, because of its light computational complexity. The evaluation result is 

obtained as the average of the elements that reach the maximum grade in a fuzzy set. 
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5.4.2 Simulation 

In this section, we evaluate the performances of the proposed FuzzyMARS. The simulator 

used, is the scalable and efficient ns-2. Each mobile host has a transmission range of 250 

meters and shares an 11 Mbps radio channel with its neighboring nodes. The simulation is 

realized in two environments: a single shared channel and considers a multihop network. We 

compare the network performances of FuzzyMARS with both the 'original model' and 

SWAN model. We use the word 'original model' to refer to IEEE 802.11 wireless networks 

without FuzzyMARS mechanisms. 

1) Performance of a single shared channel 

In this experiment, we consider a single hop simulation environment that consists of a square 

shape of 150m x 150m. All wireless ad hoc mobile nodes share a single radio channel of 11 

Mbps. The simulation considers a variety of flows types; real-time flows, FTP macro-flows, 

and WEB micro-flows. The video and voice flows representing real-time traffic are active and 

monitored for the duration of 100 seconds. Video traffic is modeled as 200 Kbps constant rate 

traffic with a packet size of 512 bytes. Voice traffic is modeled as 32 Kbps constant rate 

traffic with a packet size of 80 bytes. 

The implemented single hop network considers a multiple scenarios ofTCP best-effort traffic, 

4 voice and 4 video flows. The TCP traffic is modeled as a mixture of FTP macro-flows and 

Web traffic micro-flows. TCP flows are greedy FTP type of traffic with packet size of 512 

bytes. W eh traffic is modeled as short TCP file transfers with random file size and random 

silent period between transfers. The file size is driven from a Pareto distribution with a mean 

file size of 10 Kbytes and a shape parameter of 1.2. The length of the silent period between 

two transfers is also Pareto in distribution with the same shape parameter with a mean of 10 

seconds. 
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A) Impact of scalability of video traffic 

Figures 5.4 and 5.5 show the scalability impact ofUDP video flows on the average end-to-end 

delay. The simulation uses a mixture of real-time traffic and TCP best-effort traffic which 

consists of 16 Web and FTP flows. As shown in figure 5.4, the average end-to-end delay in 

the original model is larger than 20 msec with 15 or more video flows. FuzzyMARS shows 

delays inferior to 2.5 msec with 20 video flows, while the average delay in MARS is about 3 

msec. Hence, the reduction achieved by FuzzyMARS is superior to 85% and 16% in 

comparison respectively to the original and MARS models. On the other hand, figure 5 .5 

illustrates that for up to 20 video flows, FuzzyMARS outperforms SWAN by about 8-17%. 

The average delay in both models grows slowly as the video flows number increases. When 

the number of video flows becomes high, the average end-to-end delay in SWAN becomes 

almost equal to that in FuzzyMARS. 

...._ 0,03 i 
• 1 
• 0,1125 ' ,a 1 , o,az 1 

• 1 

1-FuzzyMAR~ 
1 • • • • • • Original ! 

.. 0,0151 

: 0,01 i • 
: 0,005 ' 

C 00==~::::-:===~==~~ 
10 15 31 25 30 

Number of vldeo aourcea 
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Figure 5.5: Average delay in FuzzyMARS and SWAN models vs. number ofvideo flows 
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B) Impact of scalability of web traffic 

The impact of the scalability of web micro-flows on the average end-to-end delay in 

FuzzyMARS compared to the original and SWAN models is shown respectively, in figure 5.6 

and 5.7. It is observed in figure 5.6 that the increasing number of web micro-flows has much 

more impact on the average delay in the original model than in FuzzyMARS. While the 

average delay in the original model grows from 1.8 to 7 msec when the number of web micro-

flows increases from 8 to 72 web micro-flows, FuzzyMARS illustrates delay around 2 msec 

which is similar to MARS model. Figure 5.7 shows that when the number of web micro-flows 

is smaller than 16, the average delay in SWAN becomes slightly smaller than in FuzzyMARS 

by about 13%. For the highest number web micro-flows, the average delay of traffic in 

FuzzyMARS becomes smaller than in SWAN. The proposed model achieves a gain of about 

14-25% comparatively to SWAN model in terms of average end-to-end delay . 
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In the following, we show some illustrations of the trace graph obtained in the simulation. 

Figures 5.8-5.10 show the scalability impact of TCP flows on the average delay in 

FuzzyMARS in a single hop network. The simulation uses a mixture of 8 real-time flows and 

TCP flows (i.e., FTP macro-flows with web micro-flows), which are modeled as in the 

previous simulations. These figures show a trace of the packet delay versus the simulation 

time using respectively, 10, 20, and 30 TCP flows. It is observed that the average end-to-end 

delay in the proposed model increases as the number of FTP macro-flows and web micro-

flows becomes high. For different scenarios of flows scalability, the average delay grows 

slowly and the traffic delay becomes almost constant with small and medium number of TCP 

flows. The average delay in figures 5.8, 5.9 and 5.10 is respectively, 1.96 msec, 2.25 msec, 

and 2.63 msec. This shows that FuzzyMARS provides a low delay in single hop environment. 
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Figure 5.8: The packet delay in FuzzyMARS with 10 TCP flows vs. simulation time 
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Figure 5.10: The packet delay in FuzzyMARS with 30 TCP flows vs. simulation time 

2) Performance in multihop environment 

In this section, we simulate an ad hoc network with 50 mobile nodes, where flows traverse 

three intermediate nodes on average between source and destination. The network area has a 

rectangular shape of 1500m x 300m that minimizes the effect of network partitioning. As in 

the single channel case, the TCP traffic is modeled as a mixture of web and FTP traffic, and 

the real-time traffic is modeled as 4 voice and 4 video flows. 

A) Impact of scalability of TCP jlows 

Figures 5 .11-5 .14 show the scalability impact of TCP flows on the average end-to-end delay 

and throughput of traffic. A significant difference is obtained in figure 5.11 in terms of the 

average delay between the proposed model and the original model. The average delay in 

FuzzyMARS grows slowly with the increasing number of TCP flows, and it remains almost 

less than 3 msec, while in MARS model the average delay grows from 3 to 7.5 msec. In 

contrast, the average delay in the original model grows from 7 to 31 msec as the number of 

TCP flows increases from 2 to 12 flows. Hence, the gain achieved by the proposed model is 
about 70-85% better than the original model and 16% better than MARS. Figure 5.12 shows 

the average end-to-end delay in both FuzzyMARS and SWAN models. It is shown that the 

average delay remains almost less than 3 msec in the proposed model, whereas in SWAN 

model it is around 5 msec. This means that the achieved gain is about 41 %. 

94 



Figures 5.13 and 5.14 show the impact of growing number of TCP flows on the average 

throughput. It is observed in figure 5.13 that the average throughput of the TCP traffic in the 

proposed model is about 25% less than the original model. This difference is less noticed 

between FuzzyMARS and both SWAN and MARS models. The previous results confirm that 

by adopting FuzzyMARS, we can achieve a reduction in the average end-to-end delay by 

about 70-85% in comparison to the original model at a cost of about 25% decrease in 

throughput. In addition, the average delay in the proposed model remains almost below 3 

msec while the average delay in SWAN grows above 5 msec . 
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Figure 5.11: Average delay in the original and FuzzyMARS models vs. number ofTCP flows 

0,02 7 ... : 
.) ~015 .. • -; 

1.. 0,01 
1 • 

1 r o.~ • .. . -- - -.. -.... 

[ -FuzzyMARSI 
[ • .. - • • SW\N 

............ ........ --

10 12 
Numbu of TCP !Iowa 

Figure 5.12: Average delay in FuzzyMARS and SWAN models vs. number ofTCP flows 
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Figure 5.13: Average throughput in the original and FuzzyMARS models vs. number ofTCP 
flows 
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Figure 5.14: Average throughput in FuzzyMARS and SWAN models vs. number ofTCP 
flows 

B) Impact of mobility 

Figures 5.15-5.18 investigate the impact ofmobility on the performances ofFuzzyMARS. For 

that end, the random waypoint mobility model is implemented at each node in the network. In 

the beginning, the nodes are randomly placed in the area. Tuen, each mobile node selects a 

random destination and moves with a random speed up to a maximum speed of 20m/s. After 

reaching the destination, the node will stay there for a given "pause time". When the pause 

timer expires, the mobile node picks another random destination and moves at another random 

speed. The mobility scenarios consist of 4 video flows, 4 audio flows, and 10 TCP flows. The 

real-time traffic is modeled as previously discussed. The best-effort TCP traffic consists of 5 

web flows and 5 FTP flows. 

We observe in figure 5.15 that the average end-to-end delay in FuzzyMARS increases slowly 

and it remains almost less than 6 msec, whereas the average delay in the original model grows 

from 25 to 3 8 msec. This means that the proposed model achieved a reduction of about 80-

85%. Note that the average delay in MARS is around 10 msec which is superior to that of 

FuzzyMARS. On the other hand, it is observed in figure 5.17 that the throughput ofTCP best-

effort traffic decreases slowly in both the original and FuzzyMARS models as the mobility 

increases. The decrease in terms of throughput is by about 12-25% in comparison to the 

original and MARS models. This is due essentially to the congestion and the broken links in 

the route relaying source and destination. 
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Figure 5.15: Average delay in the original and FuzzyMARS models vs. mobility 
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Figure 5.17: Average throughput in the original and FuzzyMARS models vs. mobility 
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Figure 5.18: Average throughput in FuzzyMARS and SWAN models vs. mobility 
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Figure 5.16 illustrates the average end-to-end delay with different mobility scenarios in both 

FuzzyMARS and SWAN models. It is observed that the average end-to-end delay of traffic in 

FuzzyMARS increases slowly as mobility increases, and it grows only for the highest mobility 

scenarios. For different mobility scenarios, the average delay offered by the proposed mode! is 

about 15-33% better than that offered by SWAN. On the other hand, it is shown in figure 5.18 

that for different mobility scenarios, the throughput in SWAN is slightly better than in 

FuzzyMARS mode!. SWAN acts better by about 14% better than the FuzzyMARS. 

Figures 5.19-5.21 show some trace graphs that illustrate the impact of nodes scalability on the 

average delay in FuzzyMARS mode! in multihop environment. The simulation consists of a 

mixture of 8 real-time flows and TCP flows, which are modeled as in the previous 

simulations. These figures trace the packet delay versus the simulation time using 

respectively, 10, 20, and 50 nodes. It is observed that the average end-to-end delay in the 

proposed mode! increases slowly as the number of nodes becomes high. For different 

scenarios of nodes scalability, the average delay grows slowly and the traffic delay becomes 

almost constant with small and medium number ofnodes. Figures 5.19, 5.20 and 5.21 show an 

average delay of respectively, 2.08 msec, 2.26 msec, and 2.56 msec. This means that even at 

highest nodes scalability, FuzzyMARS can support real-time traffic with low delay. 

0.05 

10 20 3'.l .«J 50 60 70 00 90 100 
Tiae (,ec) 

Figure 5.19: The packet delay in FuzzyMARS with 10 nodes vs. simulation time 
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Figure 5.20: The packet delay in FuzzyMARS with 20 nodes vs. simulation time 
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Figure 5.21: The packet delay in FuzzyMARS with 50 nodes vs. simulation time 

Now that we presented the fuzzy logic regulation approach, we are interested in what follows 

to model and analyze the QoS decision making for traffic regulation using a Fuzzy Petri tool. 
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5.5 Fuzzy Petri model for traffic regulation 

In this section we propose FPWIM model which is a fuzzy Petri model for traffic regulation 

decision making. The proposed model, called FPWIM, studies the fuzzy regulation traffic 

rules in order to deal with the imprecise information caused by the dynamic topology of ad 

hoc networks. The representation of diff erent fuzzy processes for decision making can be 

performed by formulating the production rules of these processes. Each fuzzy production rule 

is a set of antecedent input conditions and consequent output propositions. W e proceed to 

construct the previous aspects (the input and output parameters) of the production rules in 

order to better represent and understand the process of traffic regulation in wireless ad hoc 

networks. The traffic regulation used to avoid the congestion depends on the traffic state and 

the dynamic topology of the network. These constraints represent the input parameters of 

FPWIM. The traffic state is represented by the delay-measurement. This later parameter is 

received by a node as feedback information from the MAC layer. It represents the time taken 

by packet to reach the destination. The delay measurement parameter can give information 

about the status of a network in terms of congestion. A big value of this parameter signifies 

that a congestion have may appeared in the network. Therefore, the process of traffic 

regulation should be started. The amount of this regulation represents the output parameter of 

FPWIM. The choice of using fuzzy Petri nets tool is due to its efficiency and flexibility over 

other modeling tools for better representing the process of traffic regulation. 

5.5.1 Overview of Fuzzy Petri Nets 

It is observed that classical Petri Nets [Dwy96] do not have sufficient capacity to model the 

uncertainty in systems [Mur96]. This limitation of Petri nets has encouraged researchers to 

extend the exiting models by using the fuzzy reasoning theory [Che90, Loo98]. The 

combination of Petri nets models and fuzzy theory have given rise to a new modeling tool 

called Fuzzy Petri Nets (FPN). FPN formalism has been widely applied in several applications 

such as, robotics systems [Cao93], real-time control system [Mur96], fuzzy reasoning systems 

[Cha93], etc ... 
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In the following, we give a brief description about the FPN modeling tool [Loo98, Ash95]. 

We consider FPN = (PN, CND, MF, FSR, FM) 

a. The tuple PN = (P, T, A, FW, FH) is called Petri nets if: (P, T, A) is a finite net, where 

[Dwy96]: 

P = {P1, P2, ... , Pn} is a finite non-empty set of places, 

T = {Ti, T2, ... , Tn} is a finite non-empty set of transitions, 

A ç (Px T) u (T x P) is a finite set of arcs between the places and transitions or vice versa. 

FW: A---. IN+ represents a weighting function that associates with each arc of PN a non-

negative integer of W. 
FH c (Px T): represents an inhibition function which associates a place P, e p contained 

in FH (Tj) to a transition Tj itself. 

b. CND = {cd 1, cd2, .... , cdn} represents a set of conditions that will be mapped into the set 

P; each cdi e CND is considered as one input to the place P, e P . A condition cdi takes the 

form of "Xis Z", which means a combination between the fuzzy set Z and the attribute 

X of the condition. For instance, in the condition "the delay measurement is small", the 

attribute "X= delay measurement" is associated to the fuzzy set "Z = small", but other 

fuzzy sets can also be considered (e.g., "Z = medium", "Z = large", etc.). 

c. Consider MF: uz(x) T, a membership function which maps the elements of X (as 

defined in b) into the values of the range [0,1]. These values represent the membership 

degree in the fuzzy set Z. The element x belonging to X represents the input parameter 

of the condition "Xis Z", and uz(x) measures the degree of truth of this condition. Note 

that the composition of membership function degrees of the required conditions is 

performed by fuzzy operators such as MIN/MAX. 

d. Let consider the following rule Ri: 

Ri: if x1 is z1 and /or x2 is z2 then Ais B 

The fi.ring strength function of rule Ri (FSRi) represents the strength of belief in Rï. The 

conclusion of Ri (modeled by CSRi) can take one of the following forms: 

101 



CSR, = MIN(u,1 (x1 ),u,, (x, )) = u,1 (xJ Au,, (x,) 

CSR, = MAX(u,1(x1),u,2 (x2 )) = u,1(xi)vu, 2(x2 ) 

e. SWR is the selected wining rule RL among the n-rules Ri, R2, .... , R0 • SWR is the rule 

which has the highest degree of truth. Let FSRL be the corresponding firing strength of 

RL, then the selected rule SWR is given as follows: 

SWR = MAX(FSR.,FSR2 , •••• ,FSR.) 

f. The marking task in FPN illustrates the satisfaction of events occurred during the 

performance of fuzzy rules. This marking function called "fuzzy marking" (FM) 

distributes the tokens over the places of the nets. 

The sequence <5 = (I;,T,, ... ,T.) is said to be reachable from a fuzzy marking FM1, ifT, e T is 

a firable from FMi-l e FM and leads to FMi+l e FM, for all transitionsr; e <5. The firing 

of transition r; e T (Figure 5.22) is performed in two steps: a) I; removes tokens and 

then, b) I; places tokens. 

P1 P .. 1 P1 

Î1 Ît ... Îo-1 
Ti, r,, .... , r. 

Ît 

P, p• Pn P2 

Figure 5.22: The transitions firing in FPN 

5.5.2 Fuzzy Regulation Traffic Rules Using 

Most of fuzzy systems use the following form for modeling [Zad89]: 

Rule R: if Ip1 is A AND Ip2 is B then Op is C 

Where: 
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- Ip1 and Ip2 are the input parameters, 

- Op is an output parameter, 

- A, B, and C are fuzzy sets, 

- AND represent fuzzy operator, 

- The fuzzy conditions of rule Rare "Ip1 is A", and "Ip2 is B". 

The construction of the above aspects (inputs, outputs, and fuzzy sets) for performing the 

traffic regulation to avoid the congestion depends on the traffic state and the dynamic 

topology ofwireless ad hoc networks. For that aim, FPWIM uses both the traffic state and the 

network mobility parameters. Thus, the previous fuzzy aspects can take various values: 

- The first input parameter: is represented by the Delay Measurement (DM) at a mobile 

node. DM can be either small or large. 

- The second input parameter: is represented by the Node Mobility (NM). NM can either 

be slow or medium (note that "fast node mobility" is included in the case of "medium 

node mobility''). 

- The output parameter: is represented by the Traffic regulation rate (TR). TR can either 

be decreased (slowly or largely) or increased (slowly or largely). 

Using the previous rules, FPWIM aims to help to establish production rules that make an 

efficient QoS decision. In the following, we explain the proposed fuzzy tool for the QoS 

decision making. 

Let consider the following fuzzy rule RL: 

Rule RL: if DM is small and NM is slow, then TR is increased largely. 

RL takes into consideration the input parameter of the feedback delay measurement DM and 

the node mobility NM in wireless ad hoc networks. The traffic regulation rate TR represents 

the output parameter. 

FPN that models the dynamic aspect of the fuzzy rule RL is illustrated in figure 5.23. 

- Pacdi: models the antecedent condition 1 (acd1) ofRL; acd1 = "DM is small". 

- Pacd2: models the antecedent condition 2 (acd2) ofRL; acd2 = "NM is slow". 
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TaMfl: models the membership function of the antecedent condition 1; TaMfl=usmall(DM). 

T aMt2: models the membership function of the antecedent condition 2; T aMJ 2=us,ow (NM). 

P aMdl: models the membership degree value of the condition 1 of a rule RL. This value 

determines the satisfaction degree of the DM input parameter to the fuzzy set "small". 

P aMD2: models the membership degree value of the condition 2 of a rule RL. This value 

determines the satisfaction degree of the NM input parameter to the fuzzy set "slow". 

T FScL: models the operation of minimum composition "MIN" between the antecedent 

conditions ( e.g., condition 1 and condition 2) of a rule RL. The firing strength of RL is 

represented by the MIN operation: MIN(usma11(DM),u,,
0
w(NM)). 

PFscL: models the value of the firing strength of RL. This value defines the degree of 

truth of the output proposition "TR is increased largely". 

pacd ÎaMfl PaMd1 

... l----
"MD is smalt" u,,,,.,11(MD) 

"NMisslow" U,1,,..(NM) 

ÎaMfl,ÎaMl2 

"TR is decreased slowly with a degree oftruth 
FSC." 

PFSC; 

ÎFSCi 
______ FM,: PFSC; 

Figure 5.23: The modeling of fuzzy rules structure and its dynamic behaviour 

5.5.3 Fuzzy Petri Nets Model for Traffic Regulation 

FPWIM considers the following rules: 

R 1: if DM is small and NM is slow then TR is increased largely, 

R2: if DM is small and NM is medium then TR is increased, 

R3: if DM is large and NM is slow then TR is decreased, 

Ri: if DM is large and NM is medium then TR is decreased largely. 
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- Input parameters: 

o The input parameter of the first antecedent condition of the rules Ri, R2, R3, and 

is the delay measurement DM. 

o The input parameter of the second antecedent condition of the rules R1, R2, R3, 

and is the node mobility NM. 

- Fuzzy sets: 

The fuzzy set of the antecedent conditions of the defined rules Ri, R2, R3, and~ are: 

small, large, slow, and medium. 

- Antecedent conditions (acdi): 

o The first antecedent condition (acdi) in the rules Ri, R2, R3, and~ is: 

acdl: DM is small. 

acd2: DM is large. 

o The second antecedent condition (acd2) in the rules Ri, R2, R3, and~ is: 

acdl: NM is slow. 

acd2: NM is medium. 

- Output parameters: 

The output parameter of the rules Ri, R2, R3, and~ is the traffic regulation rate TR. 

- The rules R1, R2, R3, and use the following decisions making: increased largely, 

increased, decreased, decreased largely, 

- The fuzzy logic operator used by the rules Ri, R2, R3, and~ is AND 

The fuzzy operator "AND" is used in order to combine the two antecedent conditions of each 

rule using the MIN function. This provides the firing strength value for each rule. After that, 

MAX composition function is used to combine ail firing strength values of the defined rules 

Ri, R2, R3, and~ in the aim of determining the highest one that will be the selected wining 

rule. Figure 5.24 shows the fuzzy logic scheme for decision making of rules Ri, R2, R3, and 

~-
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Measured Delay (MD) Node Mobility (NM) 

u,111011 (DM) 

Output consequent of either R1 or Ri 

The final decision of either R1 or Ri 

Decision making algorithm: 

Phase 1: enter the input parameters of the ru les R1, R2, R3, and R4. 

Phase 2: calculate the degree of truth of the antecedent conditions. 

Medium 

Phase 3: apply the operation of minimum composition (MIN) with the fuzzy operator 
AND/OR in order to generate the firing strength value for each rule R1, R2, R3, and R4. 

Phase 4: apply the operation of maximum composition to select the wining rule among the 
ru les R1, R2, R3, and R4. 

Phase 5: generate the output consequent of the selected wining rule. 

Figure 5.24: The fuzzy decision making mechanism ofFPWIM 

In what follows, we illustrate the steps of the proposed FPN model. 

a. Enter the input parameters into the places and transitions: 

2 

3 

4 

5 

PIP = {PIP1, PIP2, .... , PIPn} is a set of places that represent the input parameters. In the 

figure 5.25, the places used are P1 and P2 which represent respectively, the first ( e.g., 

delay measurement DM) and second (e.g., node mobility NM) antecedent condition of 

the rules R1, R2, R3, and~-

T IP = {TIPI, T1P2, .... , T IPn} represents a set of input parameter transitions. The transitions 

T1p1 and T1p2 illustrated in figure 5.25 are used to distribute respectively, the input 

parameters "DM" and "NM" for making the first and second antecedent conditions of 

the defined rules R1, R2, R3, and~-
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b. Represent the antecedent conditions, and compute the membership function for each 

condition. 

P acd= {P acdl, P acd2, .... , P acdn} is a set of places that represent the antecedent conditions. 

Pacdl and Pacd2 in the model presented in figure 5.25 describe respectively, the antecedent 

conditions "acd1" and "acd2". 

TaMr = {TaMn, TaMf2, .... , TaMrn} is a set of transitions that represent the antecedent 

membership functions. TaMn, TaMt2, TaMo, TaMf4 observed in figure 5.25 represent the 

membership functions ofrespectively, U,...u(DM), u,arg,(DM), u,,ow(NM), u_d;um(NM). 

PaMd = {PaMdl, PaMd2,· .. , PaMc1n} is a set of places that represent the antecedent 

membership degrees. The values of the place P aMdl indicates the degree of satisfaction of 

the input parameter DM to the fuzzy set "small". 

c. Compute the fi.ring strength of conditions 

T FSC = {T Fsc1, T Fsc2, .... , T FScn} represent a set of transitions that model fi.ring strength 

conditions. For instance, the transition T Fsc1 shown in figure 5.25 performs the 

operation of minimum composition (MIN) on the antecedent conditions of the rule R1: 

MIN(u,...11 (MD),u,,ow(NM)). Note that the fuzzy operator AND is integrated with the MIN 

operation to combine the first and second conditions ofR,. 

PFsc= {PFsc1, PFsc2, .... , PFscn} is a set of places that represent the fi.ring strength. PFsci 

tokens are proportional to the number of antecedent conditions of a rule Ri. This number 

is shown by the label illustrated between the transitions T aMfi and the place P aMdi• The 

construction of the antecedent conditions of a rule Ri is performed by fi.ring a transition 

T FSCi• The inhibitor arc designed between a place PFsci and T FSCi is useful to note that 

T FSCi should fire one time. 

d. Determine the selected wining rule among the activated rules: 

T FMAX = MAX {PFsc1, PFsc2, ... , PFscn} is a transition that model the maximum 

composition operation (MAX) for the defined rules. The fi.ring strength value of a rule 

Ri is stored in the place PFsCi• 

PwFSCi represents the fi.ring strength condition FSCi of the selected wining rule Ri. The 
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later rule is determined as in the following step. 

TFsP = {TFsPt, Tpsp2, .... , TFsPn} is a set of transitions that model the fi.ring strength 

comparison. For instance, the transition Tpsp3 is useful to make a comparison between 

FSC3 of the rule R3 and the selected wining firing strength WFSCi. 

PswR = {PswR1, PswR2, ... , PswRn} is a set of places that models the selected wining 

rules. The rule Ri is selected to be fired if the place PswRi contains a token. 

e. The conclusion of the selected rules: 

Tom = {T 0m1, T 0m2, ••• , T 0mn} is a set of transitions that represent the decision of the 

selected rule. T Dmi deletes the firing strength values of other rules in order to fire only 

the selected rule Ri, 

Pop is a place that models the output parameter. As shown in figure 5.25, the place Pop 

represents the traffic regulation rate TR. 

Pets= {Pc1s1, Pc1s2, ... , Pc1sn} models a set of places that describe the different decisions of 

the defined rules. The places Pc1s1, Pc1s2, Pcts3, and Pcts4 illustrate the following 

conclusions respectively, "increased largely", "increased", "decreased", and "decreased 

largely". Only one place among all places will contain a token which represent the 

conclusion of the selected wining rule. For instance, the conclusion of the selected rule 

R1 is "increased largely'' ifT0m1 transfers a token from the place PsWRt to the place Pc1s1-

T0Mr = {ToMn, T0Mt2,••··, ToMfu} is a set of transitions that represent the output 

membership functions. ToMn, T0Mt2, ToMo, and ToMf4 represent the calculation 

performed by the used fuzzy method to compute the membership degree of respectively, 

u,arg,_,,.,,..,,(TR), u,,.,,....,(TR), u,1«,_.,.(TR), u,arg,_d,,,_...,(TR), 

PoMd = {PoMdt, PoMd2, .... , P0Mc1n} is a set of places that represent the output 

membership degree. The places PoMdt, PoMd2, PoMd3, and PoMd4 indicate that the output 

parameters of ''TR is increased", "TR is increased largely", ''TR is decreased", and "TR 

is decreased largely'' are satisfied with the following membership degree, u,arg,_,,.,,...,,(TR), 

u,,.,,.,,_,, (TR) ' ud,cre .... (TR)' u,arg,_d,crease (TR) ' respectively. 
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Figure 5.25: FPWIM model 

5.6 Fuzzy Iogic approach for threshold management 

The proposed model explores the use of fuzzy logic for threshold buffers management in 

wireless ad hoc networks. The results of simulations confirm that the proposed model 

FuzzyCCG-2 can achieve better throughput and low and stable end-to-end average delay 

under different network scalability and mobility conditions. 
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5.6.1 FuzzyCCG Architecture 

Given the results found with FuzzyMARS, fuzzy logic promises to offer an efficient tool for 

buffer management by using adequate thresholds that deal with the imprecise information in a 

wireless ad hoc network. Also, fuzzy logic has been successfully applied to the queue 

management in the cell-switching networks [Bon94]. Nevertheless, to the best of our 

knowledge, this is the first work that uses fuzzy logic for buffer management in MANETs. We 

aim to apply a fuzzy technique based on fuzzy sets theory. The later extends the classical logic 

set {O, 1} to use linguistic variables (e.g., full buffer, merely full buffer, empty buffer). Using 

fuzzy logic, we investigate the fuzzy thresholds ability to adapt to the dynamic conditions over 

the classical inflexible thresholds. 

The classical thresholds are characterized by their limitation and restriction because the 

selection of threshold is based on a single value. Thus, the utilization of a buffer may be either 

"poor" or "surcharged". When the selected value is small (e.g., 30% of capacity), then the 

admission of new packets is possible only when the buffer occupancy is low. This means a 

poor utilization of the buffer, since most of incoming packets are rejected even if the buffer is 

almost unfilled. On the other side, when the selected value is big ( e.g., 90% of capacity), 

problems may happen when the bursty traffic is used. The transmission of packets generated 

by a bursty traffic is very changing. It can vary from small to "near-peack" rate in a short 

period of time. 

It is observed that most of the events occurring in an ad hoc network are dynamic and random; 

therefore manually predefining a value for threshold is not suitable. In addition, it is important 

to note that the rate of packets arriving on a particular node is not static. The threshold value 

<livides the buffer into an "admitted" part and a "no-admitted" part. Let's consider that the 

threshold of the buffer shown in figure 5.26 is equal to 60%. In this scheme, the occupancy 

level may range from O to 60%. When the buffer occupancy is more than 60%, no incoming 

packets is accepted in the buffer. Therefore, the change in decision making from "admit state" 

to "no-admit state" is performed from 60 to 61 %. This means that a small variation in the 

buffer occupancy may influence the decision making of incoming packets. 
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In the proposed approach, we attempt to extend the two-discrete states "admit" and "no-

admit" of the buffer occupancy by using fuzzy logic. The aim of introducing fuzzy logic is to 

develop a more realistic representation of buffer occupancy that helps to offer an efficient 

decision making. Hence, the definition of "buff er occupancy" will consider the two fuzzy 

cases of "getting full" and "not getting full", rather than "admit" and "no-admit" in the 

existing approaches. This fuzzy representation replaces the two-discrete sets by a continuous 

set membership, and performs small graduai transitions between diff erent states of buff er 

occupancy. 

60% 

Figure 5.26: Classical buffer scheme 
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Figure 5 .27: Fuzzy buffer scheme 

Based on the fullness of the buffer, the fuzzy membership function aims to determine the 

fuzzy threshold. Several membership functions may be used for that purpose: "triangular", 

trapezoidal", or "sigmoid" function. These functions can give a representation about the buffer 

fullness level. In proposed approach, we used the sigmoid membership function. This choice 

is based on the fact that this function would reflect well the dynamic occupancy of the buffers 

that we want to model. 

Figure 5.27 shows that the admit membership function is inversely proportional to the 

occupancy fullness level of buffer. Thus, when the occupancy fullness is small, the value of 

the admit membership function is big. At higher fullness occupancy levels, the admit 

membership function value becomes small. When the value of the "no-admit" membership 

function is getting big, then only a small quantity of packets will be permitted to enter the 

buffer. In figure 5.27, the value of the membership function is represented by the symbol uadm. 

The fuzzy rules associated are as follows: 
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<< When the value of the admit membership function becomes big, then increase the accepted 

incoming packets into buffer >> 

<< When the value of the admit membership function becomes small, then reduce the 

accepted incoming packets into buffer >> 

The previous fuzzy rules are illustrated by figure 5.27. The rejection of packets is controlled 

based on the degree of fullness of the buffer. For instance, when the buffer is occupied at 

40%, this means that the value of uadm is about 0.7 (i.e., the amount of packets admitted is 

about 70%). Tuen, about "30%" of incoming packets will be admitted. Note that the fuzzy 

threshold approach covers the continuous set of values representing possible buffer occupancy 

(i.e., from 0 to uad,. ). This is opposite to the classical threshold approaches that hold only one 

predefined single value. Therefore, fuzzy logic adds more flexibility to the threshold selection 

because the degree to which the buffer is full directly controls the level of incoming packets. 

5.6.2 Simulation 

The simulation of the proposed QoS technique is studied with the scalable ns-2 simulator. We 

compare the performance of FuzzyCCG with the IEEE 802.11 wireless networks, 

FuzzyMARS described in our previous work (Section 5.4) and SWAN model. In the rest of 

chapter, we use the word 'original model' to refer to IEEE 802.11 wireless networks without 

FuzzyCCG mechanisms. Both FuzzyMARS and FuzzyCCG-2 are implemented in the 

simulation. Each mobile host has a transmission range of 250 meters and shares an 11 Mbps 

radio channel with its neighboring nodes. The simulation considers two steps: the first one 

studies the case of a single shared channel, whereas the second simulation is realized in a 

multihop environment. 

1) Performance of a single shared channel 

The parameters considered in this first step are the same ones taken for the simulation of 

FuzzyMARS (Section 5.4.2). The simulation includes FTP macro-flows, WEB micro-flows, 

and real-time flows. The video and voice flows representing real-time traffic are active and 
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monitored for the duration of 100 seconds. Video traffic is modeled as 200 Kbps constant rate 

traffic with a packet size of 512 bytes. Voice traffic is modeled as 32 Kbps constant rate 

traffic with a packet size of 80 bytes. TCP flows are greedy FTP type of traffic with packet 

size of 512 bytes. Web traffic is modeled as short TCP file transfers with random file size and 

random silent period between transfers. The file size is driven from a Pareto distribution with 

a mean file size of 10 Kbytes and a shape parameter of 1.2. The length of the silent period 

between two transfers is also Pareto in distribution with the same shape parameter with a 

mean of 10 seconds. 

A) Impact of scalability of video traffic 

Figures 5.28-5.30 show the impact of scalability of UDP video flows on the average end-to-

end delay. The simulation uses a mixture of real-time traffic and TCP best-effort traffic which 

consists of 16 Web and FTP flows. It is observed in figure 5.28 that the average delay in 

FuzzyCCG is less than 2 msec with 5 video flows and less than 2.4 msec with 20 video flows, 

whereas the original model shows an average delay larger than 12 msec with only 5 video 

flows and over 20 msec with 15 or more video flows. This means that the reduction achieved 

by FuzzyCCG in terms of the average delay is about 90% in comparison to the original model. 

In figure 5.29, we observe that for up to 20 video flows, FuzzyCCG outperforms SWAN by 

about 13%. Figure 5.30 shows that the average delay in FuzzyCCG and FuzzyMARS is 

almost the same, and it grows slowly as the growing number of video flows. 
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Figure 5.28: Average delay in the original and FuzzyCCG models vs. number ofvideo flows 
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Figure 5.29: Average delay in FuzzyCCG and SWAN models vs. number of video flows 
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Figure 5.30: Average delay in FuzzyCCG and FuzzyMARS models vs. number ofvideo 
flows 

B) Impact of sca/ability of web traffic 

Figures 5.31-5.33 show the impact of the scalability of a growing number of web micro-flows 

on the average end-to-end delay. As shown in figure 5.31, the average delay in FuzzyCCG 

remains around 1.8 msec, whereas in the original model the average delay grows from 1.8 to 7 

msec when the number of web micro-flows increases from 8 to 72 web micro-flows. On the 

hand, it is observed in figure 5.32 that the average delay in SWAN and FuzzyCCG models is 

similar for up to 16 web micro-flows. For the highest number web micro-flows, the average 

delay of traffic in FuzzyCCG becomes smaller than in SWAN by about 18%. Figure 5.33 

observes almost a similar performance between FuzzyCCG and FuzzyMARS models, the gain 

achieved by the proposed model is about 9%. 
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Figure 5 .31: Average delay in the original and FuzzyCCG models vs. number of web micro-
flows 
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Figure 5.32: Average delay in FuzzyCCG and SWAN models vs. number of web micro-flows 
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Figure 5.33: Average delay in FuzzyCCG and FuzzyMARS models vs. number of web 
micro-flows 

2) Performance in multihop environment 

In this section, the simulation considers a multihop network with the same parameters as 

considered in FuzzyMARS (Section 5.4.2). The environment consists of 50 mobile nodes 

distributed over an area of 1500m x 300m. The AODV protocol is chosen as a routing 

protocol. The flows traverse three intermediate nodes on average between source and 

destination. The multihop environment contains a mixture of real-time and TCP best-effort 
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traffic. The real-time traffic is modeled as 4 voice and 4 video flows. The TCP traffic is 

modeled as a mixture of web micro-flows and FTP macro-flows traffic. 

A) Impact of scalability of TCP flows 

Figures 5.34-5.36 show the scalability impact of the increasing number of TCP flows on the 

average end-to-end delay and throughput of traffic. Figure 5.34 shows that as the number of 

TCP flows increases from 2 to 12 flows, the average delay in the original model grows from 7 

to 31 msec, while in FuzzyCCG the average delay grows slowly and it remains between 2 and 

3 msec. Therefore, FuzzyCCG outperforms the original model by about 74-92%. In figure 

5.35, we observe that the average delay in FuzzyMARS grows slowly with the increasing 

number of TCP flows, and it remains almost the same as in FuzzyCCG; the average delay in 

FuzzyMARS is better by 3%. In figure 5.36, we observe that the average delay in SWAN 

model is around 5 msec. Hence, the achieved gain offered by FuzzyCCG is about 49%. 
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Figure 5.34: Average delay in the original and FuzzyCCG models vs. number ofTCP flows 
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Figure 5.35: Average delay in FuzzyCCG and FuzzyMARS models vs. number ofTCP flows 
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Figure 5.36: Average delay in FuzzyCCG and SWAN models vs. number ofTCP flows 

Figures 5.37-5.39 illustrate the impact of growing number of TCP flows on the average 

throughput of TCP traffic over the different models of simulation. The average throughput of 

the TCP traffic in FuzzyCCG is almost the same as in the original model, as shown in figure 

5 .3 7. At lower number of TCP flows, the average throughput in the original model is superior 

to that in FuzzyCCG. A similar result is observed in figure 5.39 between FuzzyCCG and 

SWAN. On the other hand, we observe in figure 5.38 that the average throughput of the TCP 

traffic in the proposed model is about 21 % better than in FuzzyMARS. 
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Figure 5.37: Average throughput in the original and FuzzyCCG models vs. number ofTCP 
flows 
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Figure 5.38: Average throughput in FuzzyCCG and FuzzyMARS models vs. number ofTCP 
flows 
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Figure 5.39: Average throughput in FuzzyCCG and SWAN models vs. number of TCP flows 

These results demonstrate that FuzzyCCG model can achieve a reduction in terms of average 

end•to-end delay by about 74-92% and 49% in comparison respectively, the original and 

SWAN models, with almost better throughput. Moreover, FuzzyCCG outperforms 

FuzzyMARS in terms of average throughput by about 21 % at cost of 3% decrease in the 

average delay. 

B) Impact of mobility 

The impact of mobility on the performances of FuzzyCCG is explored in figure 5.40-5.45. In 

this scenario, the real-time traffic is modeled in the same manner as discussed in the previous 

sections. The best-effort TCP flows consists of 5 web flows and 5 FTP flows. The random 

waypoint mobility model is implemented at each node in the network. The maximum speed of 

nodes is 20m/s. 

Figure 5.40 shows that the average end-to-end delay in FuzzyCCG remains almost less than 

5 .4 msec, whereas the average delay in the original model grows from 25 to 3 8 msec. Tuen, 

the achieved gain by the proposed FuzzyCCG is about 79-87%. On the other hand, it is 

observed in the figure 5.41 that the average throughput of TCP best-effort traffic in 

FuzzyCCG is superior to that of the original model by about 33% for different mobility 

scenanos. 
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Figure 5.40: Average delay in the original and FuzzyCCG models vs. mobility 
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Figure 5.41: Average throughput in the original and FuzzyCCG models vs. mobility 

We observe in figure 5.42 that for different mobility scenarios, the average end-to-end delay 

in FuzzyMARS increases slowly and it is almost the same as in FuzzyCCG. The average 

delay offered by FuzzyMARS is about 2% better than in FuzzyCCG. However, it is shown in 

figure 5.43 that the throughput in FuzzyCCG is better than in FuzzyMARS model for different 

mobility scenarios. FuzzyCCG acts better by about 49% better than the FuzzyMARS in terms 

of throughput. 

0,006 

0,005 

1 0,00-4 
J 0,003 

; 0,002 
J 0,001 

FuzzyCCG 
• • ·• • • FuzzyMAR 

0 +----------
300 200 120 60 30 

Mobility (pau• time, ac) 

Figure 5.42: Average delay in FuzzyCCG and FuzzyMARS models vs. mobility 
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Figure 5.43: Average throughput in FuzzyCCG and FuzzyMARS models vs. mobility 

Figure 5.44 illustrates the average end-to-end delay with different mobility scenarios in both 

FuzzyCCG and SWAN models. For different mobility scenarios, the average delay offered by 

FuzzyCCG is about 10-36% better than that offered by SWAN. On the other side, it is shown 

in figure 5.45 that for different mobility scenarios, the average throughput in FuzzyCCG is 

better than in SWAN model by about 43%. 
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Figure 5.44: Average delay in FuzzyCCG and SWAN models vs. mobility 
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Figure 5.45: Average throughput in FuzzyCCG and SWAN models vs. mobility 
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The previous investigations of the impact of TCP traffic and mobility illustrates clearly that 

the proposed FuzzyCCG model provides an average end-to-end delay with low and almost 

stable values, which is promising result for jitter-sensitive multimedia services. This 

advantage is illustrated by the trace graphs as in the following. 

Under both single hop and multihop wireless ad hoc environment, figures 5.46-5.49 shows 

some trace graphs realized to illustrate the impact of TCP flows and nodes scalability on the 

average delay in FuzzyCCG. A mixture of 8 real-time flows and TCP flows are considered in 

this simulation. Figure 5.46 and 5.47 trace the packet delay of a single hop environment using 

respectively, 10 and 20 flows with respectively 20 and 30 nodes. Figure 5.48 and 5.49 trace 

the packet delay of a multiple hop environment using respectively, 10 and 20 flows with 

respectively 20 and 30 nodes. It is shown in these figures that the average end-to-end delay in 

FuzzyCCG model increases slowly as the number of nodes and TCP flows becomes high. We 

observe that for different scenarios of TCP and nodes scalability, FuzzyCCG experiences a 

low and almost stable average delay around 2 msec. This result indicates that FuzzyCCG can 

support real-time traffic with low and stable delay for different network conditions, which is a 

remarkable benefit for real-times services. 
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Figure 5.46: The packet delay in FuzzyCCG with 10 TCP vs. simulation time (Single-Hop) 
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Figure 5.47: The packet delay in FuzzyCCG with 20 TCP vs. simulation time (Single-Hop) 
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Figure 5.49: The packet delay in FuzzyCCG with 20 TCP vs. simulation time (Multi-Hop) 

5. 7 Conclusion 

In this chapter, we explored the usage of an intelligent cross-layer QoS approach for QoS 

support in wireless ad hoc networks. The proposed FuzzyCCG aims to improve the traffic 

regulation and the control of congestion in multimedia applications, based on the feedback 

delay information from the MAC layer. Moreover, FuzzyCCG explores a new Fuzzy Petri 

nets technique for modeling and analyzing the QoS decision making for traffic regulation in 

wireless ad hoc networks. 

FuzzyCCG makes use of the feedback delay information from the MAC layer in order to 

perform a fuzzy logic traffic regulation which ensures that best-effort traffic coexists well with 

real-time traffic in the multimedia applications. In addition FuzzyCCO explores also the use 

of fuzzy threshold, because of the importance of threshold notion for discarding of data 

packets and adapting the traffic service to the occupancy of buffers. We have studied the 

performances evaluation of FuzzyCCG using the ns-2 simulator under diverse mobility, 

traffic, and channel conditions. In terms of traffic scalability, the simulation has shown that we 
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achieved a reduction in tenns of the average end-to-end delay of about 74-92% and 49% in 

comparison to respectively, the original (i.e., IEEE 802.11 wireless networks) and SWAN 

models, with almost better throughput. Furthermore, FuzzyCCG outperforms FuzzyMARS in 

tenns of the average throughput by about 21 % at cost of 3 % decrease in the average delay. 

This confirms that the proposed fuzzy logic approach based on feedback information MAC 

layer can achieve promising results for QoS support in multimedia applications in MANETs. 
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CHAPTER6 

CONCLUSION 

In this thesis, we were interested in the problem of QoS support in wireless ad hoc networks. 

In such dynamic environments, providing QoS guarantee for real-time services is a 

challenging issue; complicated by the lack of sufficiently accurate information about the states 

of the network. Real-time applications can have stringent conditions on various parameters, 

such as end-to-end delay, throughput, delay variation, etc., to enable them to function at their 

acceptable quality level. In order to address this issue, we proposed a set of approaches. In the 

following, we summarize our major contributions. Tuen, we briefly discuss possible future 

research directions. 

At the beginning of our works, we wanted to explore the use of neural networks for achieving 

QoS support, so we proposed GQOS model. GQOS is composed of both a kernel plan 

assuring basic functions of routing and QoS support control, and an intelligent learning plan 

which assures the training of GQOS kemel operations using neural networks algorithm. In our 

study, the multilayer feedforward neural network (MFNN) is used for optimizing the GQOS 

kemel decision adaptively according to the network state. Under non-higher network mobility 

and traffic load, the simulation results showed that GQOS provides performances about 40% 

and 10% better than respectively the wireless IEEE 802.11 and SWAN models. However, we 

observed in the simulation that GQOS is not suitable under higher network mobility and 

traffic load. Consequently, the neural network tool is not a convenient solution for QoS 

support due to the problem of scalability. 

In the aim to get better performances we proposed another approach based on semi-stateless 

information, named MARS. The later used three regulation schemes for assuring the control 

of traffic, whereas an admission control is used for UDP real-time traffic. MARS does not 

require the support of a QoS-capable MAC for service differentiation. Rather, real-time 
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services are built using existing best-effort wireless MAC technology. The achieved gain in 

terms of average end-to-end delay is about 70-78% over the best-effort IEEE 802.11 wireless 

model, and about 13% to 25% over SWAN. However, this is achieved at the cost of about 12-

20% in terms of average throughput. This tension between the conflicting goals of 

performance latency and reliability is solved by the integration of a fuzzy logic system as we 

explained in chapter 5. 

As we have observed in GQOS model that neural networks are not convenient to guarantee 

QoS under higher network mobility and traffic load, we thought to apply another technique 

based on fuzzy logic. This choice is justified by the fact that fuzzy logic is well adapted to 

systems characterized by imprecision states such as the case of ad hoc networks. The 

FuzzyCCG approach introduced in chapter 5 is an intelligent cross-layer QoS solution for 

improving the traffic regulation and the congestion control of multimedia applications by 

using the feedback information received from the MAC layer. FuzzyCCG combines both a 

fuzzy logic approach for best-effort traffic regulation and a fuzzy logic approach for threshold 

buffer management. It included also a new Fuzzy Petri nets technique (named FPWIM) for 

modeling and analyzing the QoS decision making for traffic regulation. In terms of results, the 

simulation has shown a balance between network performances and reliability. We achieved a 

reduction in terms of the average end-to-end delay of about 7 4-92% and 49% in comparison to 

respectively, IEEE 802.11 wireless networks and SWAN models, with almost better 

throughput. The obtained results indicated that FuzzyCCG model can support real-time traffic 

with low and stable delay for different network conditions, which is a remarkable benefit for 

delay- and jitter-sensitive real-time applications. These promising results show that the usage 

of fuzzy logic can address some of the challenges of wireless ad hoc networks such as the 

dynamics of topology, scalability and congestion aspects. 

However, open questions still exist and more efforts should be done in order to achieve QoS 

solutions that respond to all the challenges of ad hoc networks we have cited along this thesis. 

W e discuss several of the most interesting questions in the following: 
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Multicast versus unicast transmissions. This is another area, which can be worked 

upon. Intelligent solutions based on fuzzy logic can be tried out in this case as well to 

see how effective they are enhancing the quality of multicast communications in terms 

of efficiency and reliability. 

Hierarchical versus fiat ad hoc architectures. The fiat architecture does not scale well, 

i.e. as the number of nodes in the network becomes large, throughput per node 

decreases and delay increases, and the optimisation of bandwidth resources become 

difficult because of excessive control messages in the network. The hierarchical 

architecture is one solution to these limitations. The problem of supporting QoS in the 

hierarchical architecture, however, remains a big challenge to both academic and 

industry community. According to the results we obtained by FuzzyCCG model, the 

intelligent techniques, and especially fuzzy logic, promise to be an efficient solution to 

alleviate some of these challenges. 

Scalability could be an issue with the QoS guaranty as we discussed earlier due to the 

proliferation of multimedia and data traffic as well as the increase of number of 

wireless devices. This issue should be considered when designing any solution to the 

data quality delivery problem. Without support of this feature, the network 

performance degrades significantly as the network size increases. For instance, MAC 

protocols may experience significant throughput reduction, routing protocols may not 

be able to find a reliable routing path, and transport protocols may loose connections. 

Mathematically, the problem of finding path in a dynamic and random environment, 

which satisfies multiple end-to-end QoS constraints is considered as difficult problem. 

The imprecision of information in such environment may make from the usage of the 

proposed FuzzyCCG, and generally from the usage of QoS fuzzy logic, as suitable 

solution to ensure the data routing with best quality delivery. 

The QoS research should take into account other aspects of ad hoc networks such as 

energy and security. The issue of energy conservation is critical in limited energy 

resources of ad hoc networks. The later has a lifetime which depends on the durability 

of the battery resources of the mobile devices. Hence, conceiving any QoS solution 
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should offer benefits to the energy feature. An efficient QoS solution should lead to 

energy savings. Because of their flexibility, we think that the QoS solutions based on 

fuzzy logic constitute a good alternative for saving energy over the classical 

mathematical-based approaches. 

As wireless and sensor network technology emerges from research laboratories, the 

ability to instrument the world is likely to transform every facet of our lives. Already, 

broad spectrums of wireless and sensor network pilot applications have been 

demonstrated. Since many events in the nature are performed in an indeterminist 

fashion, and consequently the information generated is imprecise, we believe that 

intelligent QoS solution can be very interesting in such situations. For instance, we can 

cite the following future scenarios in which intelligent QoS solution is useful: 

Intelligent sensor networks applied in the agriculture: the agriculture is an area 

that we think is one of the domains most likely to include wireless sensor 

devices that could play a vital role environment by controlling water to be 

used. Perhaps one of the benefits of the intelligent solution, is to provide early 

alerts for possible damage and help in precision estimation vis-à-vis of climatic 

conditions. 

Intelligent health assistance: giving health assistance at home is becoming a 

necessity in order to improve the quality of life of patients. Intelligent QoS 

solutions can enhance the coordination quality between the different wireless 

sensors to automatically synchronize with the medical and house devices. For 

example, to adjust the heat or air conditioning in suitable way with the 

temperature of patient. Future works on wireless ad hoc networks will surely 

benefit human life. 
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