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Abstract 

In the past few years the wireless communications community has witnessed a 

tremendous growth in multimedia traffic. Providing Quality of Service (QoS) to 

various multimedia services according to their bandwidth requirements is an 

important resource management issue for wireless networks. However, due to the 

limited and variable wireless link bandwidth the resource management in wireless 

networks is a challenging problem. 

Bandwidth adaptation is one of the most promising resource management 

methods to support multimedia traffic in wireless networks. With bandwidth 

adaptation, the allocated bandwidth of ongoing calls can be adjusted dynamically to 

cope with the resource fluctuations in wireless networks. This thesis investigates 

how to apply bandwidth adaptation techniques to provide QoS guarantees in 

multimedia wireless networks. 

The bandwidth adaptation schemes described in this thesis are based on 

application utility functions that reflect the satisfaction degree of end-users with the 

allocated bandwidth. First, multimedia traffic is categorized into different classes 

according to their adaptive characteristics and a utility function with an appropriate 

shape is formulated for each class of traffic. With the availability of application 

utility functions, the utility-based adaptive traffic model is presented for multimedia 

traffic. Following that, several utility-based QoS requirements are analyzed from 

the perspectives of both network operators and end-users, and a series of bandwidth 

adaptation schemes are proposed to meet these QoS objectives. 

A multimedia wireless network simulation model has been developed to 

evaluate the proposed bandwidth adaptation schemes. In the simulation 

experiments, apart from the traditional performance metrics of wireless networks, 

e.g. call blocking probability and handoff dropping probability, several new utility-

based performance metrics are also introduced. Simulation results have clearly 

demonstrated the superior performance of the proposed bandwidth adaptation 

schemes by comparing them with some existing ones. 
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Chapter 1 Introduction 

1.1 Motivation 

Over the past few years the rapid development of wireless communication 

technologies has greatly enriched the diversity of wireless applications. Wireless 

services are evolving from the traditional voice service to a wide range of 

multimedia services including data, voice, and video [ALW96]. Different 

multimedia services over networks have different bandwidth requirements. For 

example, applications like audio phone and video conference require strict end-to-

end performance guarantees; hence it is crucial for the networks to provide reliable 

and timely packet transmission. On the other hand, applications such as E-mail and 

file transfer can adapt their bandwidth to various network loads since they can 

tolerate certain delays. 

As a result, providing QoS to multimedia applications according to their 

bandwidth requirements is becoming an important resource management issue for 

wireless networks. However, the QoS provisioning for multimedia traffic in 

wireless networks is much more challenging than in their wired counterpart. 

Despite the relatively high data rates provided by some latest wireless technologies, 

bandwidth is still the major bottleneck in wireless networks. Moreover, compared 

to wireline networks, the resource availability in wireless networks is highly-

varying due to channel fading and user mobility [KWO02]. Although the effect of 

channel fading can be mitigated by rich-function transmission/reception wireless 

subsystems [GOM98], user mobility may cause severe fluctuations of network 

resources. 

Bandwidth adaptation is one of the most promising resource management 

methods to provide QoS guarantees to multimedia traffic in wireless networks. The 

main feature of bandwidth adaptation is that it can explore the adaptive nature of 

multimedia applications and dynamically adjust their allocated bandwidth to deal 

with network resource fluctuations. Examples of such multimedia services include 

the International Organization for Standardization’s (ISO’s) Motion Picture Experts 
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Group 4 (MPEG-4) [ISO00-1] and the International Telecommunication Union’s 

(ITU’s) H.263 [NGA96] [RIJ96]. 

The objective of this thesis is to investigate efficient utility-based bandwidth 

adaptation schemes to provide QoS support for multimedia traffic in wireless 

networks. 

1.2 Contribution 

The major contributions of this thesis are summarized as follows: 

• Utility functions are formulated explicitly for multimedia traffic so that they 

can be applied to the bandwidth adaptation in wireless networks. The 

advantage of using utility functions is that they can capture the adaptability 

of multimedia applications and empower end-users to give guidance on their 

perceived QoS. The thesis classifies multimedia traffic into different classes 

and formulates the utility function with an appropriate shape for each class 

of traffic according to its adaptive characteristics. 

• A novel utility-maximization bandwidth adaptation scheme is proposed 

from the perspective of network operators. Depending on the network load, 

the utility-maximization scheme dynamically degrades or upgrades the 

allocated bandwidth of ongoing calls to maximize the total utility of all calls 

in the network. 

• A novel utility-fair bandwidth adaptation scheme is proposed from the 

perspective of end-users. The scheme aims to treat end-users in a fair 

manner, i.e. it enables all ongoing calls in each individual cell of the 

network to receive fair utilities. It solves the utility unfair distribution 

problem caused by the utility-maximization bandwidth adaptation scheme. 

• A novel utility-based multi-objective bandwidth adaptation scheme is 

proposed from the perceptive of both network operators and end-users. As 

mentioned earlier, multimedia traffic is classified into different classes 

according to their adaptive characteristics. It is assumed that each traffic 
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class contains one or more groups of calls, and all calls within the same 

group have the same bandwidth requirements and utility function. The 

proposed scheme is designed to meet two objectives in the preference order: 

1) all calls within the same group receive fair utilities; and 2) the total utility 

of all different groups of calls is maximized. 

• Several new utility-based performance metrics including average cell utility, 

average call degradation ratio, utility fairness deviation and average intra-

group utility fairness deviation are introduced to evaluate the performance 

of the proposed bandwidth adaptation schemes. 

A list of the author’s publications is given in Appendix A. 

1.3 Organization of the Thesis 

Chapter 2 presents the background of the thesis. It gives a brief overview of 

wireless communication networks evolution and describes the organization and 

resource management of wireless networks. At the end, the chapter discusses the 

QoS issues in multimedia wireless networks. 

Chapter 3 introduces the fundamental issues of utility-based bandwidth 

adaptation in multimedia wireless networks. Based on the formulation of 

application utility functions, a utility-based adaptive traffic model is presented for 

multimedia traffic. Some practical problems such as the implementation of 

multimedia adaptation, the objectives and procedure of bandwidth adaptation have 

also been discussed. 

Chapter 4 proposes a utility-maximization bandwidth adaptation scheme for 

QoS provisioning in multimedia wireless networks. The mathematical formulation 

of the utility-maximization bandwidth adaptation is presented and a search tree 

based algorithm is proposed to maximize the total utility of all calls in the network. 

A multimedia wireless network simulation model is also introduced and validated. 

Chapter 5 presents a utility-fair bandwidth adaptation scheme which aims to 

enable all ongoing calls in each cell of the network to receive fair utilities. After 

quantizing the utility function of each call into a linear piecewise function by 



 4

dividing its utility range into a fixed number of equal intervals, an efficient 

algorithm is proposed to find the utility-fair bandwidth allocation for each call. 

Chapter 6 proposes a utility-based multi-objective bandwidth adaptation scheme 

to meet the multiple QoS requirements of both network operators and end-users in 

wireless networks. The scheme allocates the bandwidth to ongoing calls based on 

per traffic group. It first guarantees that all calls belonging to the same group 

receive fair utilities and then maximizes the total utility of all different groups of 

calls in each cell of the network. 

Chapter 7 draws conclusions of the thesis, and discusses the possible future 

work. 
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Chapter 2 Background 

2.1 Introduction 

This chapter introduces the background to the work presented in this thesis. 

Section 2.2 reviews the evolution of wireless networks and points out the 

improvements from one generation to another. Section 2.3 presents the organization 

of wireless networks. Section 2.4 introduces the wireless networks resource 

management. Section 2.5 discusses the QoS issues in multimedia wireless 

networks. Finally, Section 2.6 summarizes the chapter. 

2.2 Evolution of Wireless Networks 

In 1947, Bell Laboratories originated the idea of using cells for wireless 

communications [PAR02]. In late 1970s, the wireless communications epoch 

started, and since then wireless networks have experienced significant changes and 

enormous growth. Figure 2.1 shows the evolution of wireless networks. 
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Figure 2.1 Evolution of wireless networks 
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2.2.1 The First Generation (1G) Wireless Networks 

The first generation (1G) wireless networks used analogue transmission for 

speech services. In 1979, the first wireless system in the world became operational 

by Nippon Telephone and Telegraph (NTT) in Tokyo, Japan. It utilized 600 FM 

duplex channels in the 800 MHz band, with a channel separation of 25 KHz. 

Shortly after that, in early 1980s, wireless services began in Europe and the United 

States. Europe saw wireless services introduced in 1981, when the Nordic Mobile 

Telephone 450 (NMT-450) system began operating in Denmark, Sweden, Finland, 

and Norway in the 450 MHz range with a total bandwidth of 10 MHz. In 1985 

United Kingdom launched Total Access Communication System (TACS) at 900 

MHz with a band of 25 MHz for each path and a channel bandwidth of 25 KHz. 

Other than NMT and TACS, some other analogue systems were also developed and 

used in the 1980s across Europe, such as C-Netz in Germany and Radiocom 2000 

in France. In the United States, there was initially only one single analogue wireless 

communication standard called the Advanced Mobile Phone System (AMPS) 

which was launched in 1982. The system was allocated a 40 MHz bandwidth within 

the 800 to 900 MHz frequency range. More details of the 1G network technologies 

mentioned above can be found in [PAD95]. 

All of these 1G wireless networks used the frequency division multiple access 

(FDMA) method to achieve spectrum sharing among multiple users [PAR02]. 1G 

wireless networks offered handover and roaming capabilities but they were unable 

to interoperate between countries due to the different frequencies and 

communication protocols used. This was one of the inevitable disadvantages of 1G 

wireless networks. 

2.2.2 The Second Generation (2G) Wireless Networks 

As the need for wireless communications increased, bringing with the 

requirement for global roaming, making 1G wireless networks obsolete. Moreover, 

driven by the advances in large-scale integrated circuits (IC) technology, digital 

communications became more practical and economical than analogue 

communications; thus the second generation (2G) wireless networks were 

introduced. 2G wireless networks used digital transmission rather than analogue 
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transmission and the multiple access techniques included time division multiple 

access (TDMA) and code division multiple access (CDMA) etc [PAR02] [SEM03]. 

In Europe, the Global System for Mobile Communications (GSM) was deployed 

in early 1990s. Since then it has become the main wireless system all around the 

world. The earliest GSM network operated in the 900 MHz frequency band with a 

total bandwidth of 50 MHz. GSM solved the incompatibility problem existing in 

1G wireless networks by providing a single unified standard which enabled 

seamless roaming throughout Europe. In the United States, there were three 2G 

standards. The first 2G system Interim Standard 54 (IS-54) was introduced in 1991. 

It was known as Digital AMPS (D-AMPS) and used TDMA as air interface. A few 

years later in 1996, a new D-AMPS version IS-136 was deployed; it added a 

number of features to the original IS-54 specification, including text messaging, 

circuit switched data (CSD), and an improved compression protocol. Meanwhile, 

the first CDMA-based digital IS-95 was deployed in 1993 by the CDMA 

Development Group (CDG) and Telecommunications Industry Association (TIA). 

The US Federal Communications Commission (FCC) also auctioned a new block 

of spectrum in the 1900 MHz band, allowing GSM1900 to enter the US market. In 

Japan, the Personal Digital Cellular (PDC) system was initially defined in 1991 and 

NTT DoCoMo launched its service in 1993. PDC used TDMA air interface and was 

implemented in 800 MHz and 1.5 GHz band. More details of the 2G network 

technologies mentioned above can also be found in [PAD95]. 

The boundary between 1G and 2G wireless networks was the analogue/digital 

split. Compared to 1G, 2G networks provided higher spectrum efficiency, better 

data services, and more advanced roaming capability [PAR02]. Apart from the 

traditional voice services, low bit rates data services were also supported and more 

advanced mobility was implemented to solve the problems of 1G wireless 

networks. Until today, 2G networks still dominate the market of wireless 

communications throughout the whole world. But with the demands imposed by the 

increasing mobile subscribers and the emergence of new type of services, the data 

rates of plain GSM are becoming insufficient. Thus new technologies have been 

developed based on the original GSM systems, leading to some more advanced 

systems such as High Speed Circuit Switched Data (HSCSD), General Packet 



 8

Radio Service (GPRS), and Enhanced Data rates for Global Evolution (EDGE), 

commonly referred as the 2.5 generation (2.5G) wireless networks [PRA99] 

[ZVO99]. The main feature of 2.5G wireless networks is the data packet service 

enhancement. 

The first enhancement of the GSM air interface is HSCSD, with which multiple 

timeslots can be multiplexed together to offer higher data transmission rates. The 

total data rate of HSCSD is simply the number of timeslots times the data rate of 

one timeslot. In current commercial implementations, the maximum number of 

timeslots is usually four thus the theoretical maximum data rate of HSCSD is 57.6 

Kbps (bundling 4 14.4×  Kbps full rate timeslots). This high-speed data 

functionality is available in GSM networks without any hardware modifications, 

only the software upgrade is needed. HSCSD is expensive for end-users since each 

timeslot is effectively a GSM channel and they have to pay for multiple channels. 

The next solution of the GSM air interface is GPRS. Other than bundling 

timeslots, four new channel coding schemes are proposed. With GPRS, 

theoretically the data rates can be pushed up to 160 Kbps (current commercial 

GPRS provides 40 Kbps). The GPRS system is packet-switched and it does not 

allocate the radio resource continuously but only when needed. Therefore GPRS is 

especially suitable for non-real-time applications such as E-mail and Web surfing. 

Another improvement upon the former systems is EDGE. EDGE is designed as 

an add-on of the existing digital systems to provide higher data rates. It uses the 

GSM radio structure and TDMA framing but with a new modulation scheme called 

eight-phase shift keying (8PSK), thereby increasing the data rates of standard GSM 

systems by three times. By means of enhanced data GSM evolution, EDGE is able 

to handle wireless multimedia services such as video phone and video conference at 

the date rate of 384 Kbps. 

2.2.3 The Third Generation (3G) Wireless Networks 

The tremendous growth of mobile traffic and the strong drive towards new 

applications make the capacity of 2G wireless networks insufficient thus generating 

the need for higher data rates third generation (3G) wireless networks. 
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The 3G wireless networks have been standardized by ITU and the standard is 

referred as International Mobile Telecommunications 2000 (IMT-2000). IMT-2000 

provides a framework for worldwide wireless access by linking the diverse systems 

of terrestrial and/or satellite based networks [ITU00]. IMT-2000 is designed to 

support some Internet services including data services and low bit rates multimedia 

services etc. Its high data rates and flexible communication capabilities enhance the 

access to information and services stored through fixed telecommunication 

networks, e.g. public switched telephone network (PSTN) and Internet. The key 

features of IMT-2000 are summarized as follows [OJA98] [PAD98]: 

• Bit rates up to 2 Mbps; 

• Variable bit rates to offer bandwidth on demand; 

• Provide both symmetric and asymmetric data transmission; 

• Provide both circuit-switched and packet-switched transmission; 

• Capable of carrying Internet Protocol (IP) traffic; 

• Global roaming capabilities; 

• High spectrum efficiency; 

• High flexibility to support the services with different QoS requirements. 

Originally, IMT-2000 was supposed to be a single, unified, worldwide standard, 

but in practice, it has been split into three camps: Wideband CDMA (WCDMA), 

CDMA2000 and Time Division – Synchronous CDMA (TD-SCDMA). 

WCDMA is a 3G standard evolved from GSM networks. It is led by the Third 

Generation Partnership Project (3GPP) organization in Europe to provide 

multimedia communications and integrated services. Most major mobile network 

operators in Europe have chosen WCDMA as their 3G solutions. 

CDMA2000 is an outgrowth of the earlier 2G CDMA standard IS-95 [KNI98]. 

It is managed by 3GPP2, which is separate and independent from 3GPP. The 
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mobile operators in North America and Asia Pacific are committed to CDMA2000 

for 3G wireless communications. 

TD-SCDMA is a standard developed by Chinese telecommunications company 

Datang. It was proposed by the China Wireless Technology Standard (CWTS) 

Group in 1998, approved as one of the 3G standards by ITU in May 2000, and 

joined 3GPP in March 2001. China, the world’s largest market for wireless 

communications, will be using TD-SCDMA as the 3G standard [LI05]. 

2.2.4 The Fourth Generation (4G) Wireless Networks 

The continuous increase of mobile subscribers and the emerging of new 

multimedia applications present higher demand on wireless networks. Recently, the 

study and research for the fourth generation (4G) wireless networks is attracting 

more and more interests. Based on the developing trends of wireless 

communications, 4G networks will have broader bandwidth, smoother and quicker 

handoff, wider coverage area and more services etc. It will support a wide variety 

of new services with high data rates multimedia services in particular. The services 

of 4G have been described as Mobile multimedia, Anytime anywhere, Global 

mobility support, Integrated wireless solution, and Customized personal service 

(MAGIC) [MUR99]. 

Although until now there is no uniform definition about 4G it has been widely 

accepted that 4G describes the idea of heterogeneous network infrastructures 

integrating both existing wireline and wireless access systems through advanced 

technologies. The wireless access systems include not only 2G/3G wireless 

networks but also broadband wireless networks including satellite, digital audio 

broadcasting (DAB), digital video broadcasting (DVB), and wireless local area 

network (WLAN) etc. The major goal of 4G is to provide high speed ubiquitous 

connectivity. It will encompass all systems of various networks, from public to 

private, operator-driven to ad-hoc, broadband to personal area networks [PER00] 

using IP as the integrating mechanism. In such a converged ubiquitous 

environment, it is envisioned that mobile users can roam between a broad range of 

communication systems and access information anywhere, anytime with seamless 
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connection to any network through mobile phones, personal data assistants (PDA), 

and laptops etc. 

Application adaptability is a key feature of 4G services. To mobile users, this 

means that services can be delivered automatically according to their personal 

preferences. In view of terminals, this means various terminals are able to run one 

application with different formats depending on their capabilities. In connection 

with networks, applications can be transformed into various forms and levels in 

order to adapt to various network resource availability [SUN01]. The vision of 4G 

networks is shown in Figure 2.2. 
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Figure 2.2 The vision of 4G networks 
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2.3 Organization of Wireless Networks 

A wireless communication network typically consists of a fixed network 

backbone and a wireless access system. The geographic area is assumed to be tiled 

by a collection of hexagonal cells [CAO00] [CHO98] [DAS97] [MAL03]. The 

network contains mainly three components: mobile terminal (MT), base station 

(BS), and mobile switching centre (MSC). MT is the physical communication 

equipment of the mobile subscriber. BS supports the communication within a cell 

and provides wireless connections to the MTs located in its coverage area. BSs are 

distributed over the geographical area and several adjacent BSs are connected 

through wired lines to a MSC which acts as a gateway from the wireless access 

system to wireline networks such as PSTN. Figure 2.3 illustrates the organization of 

typical wireless networks. 

Cell

MSC

Wireline Link

BS

MT

 

Figure 2.3 The organization of wireless networks 

Within the coverage area of each BS, there are two kinds of traffic arrivals based 

on the call originating location, i.e. new calls and handoff calls (see Figure 2.4). 

New calls refer to the calls which are initiated by mobile users in the current cell. 

Handoff calls refer to the calls which are initiated in other cells and then handed off 

to the current cell due to user mobility. BS is in charge of the requests of both new 

calls and handoff calls. When a MT moves from one cell to another, the BSs and 

MSC are responsible to transfer the handoff calls seamlessly to achieve service 

continuity [LIN00]. 
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New Call
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Figure 2.4 The initiation of new and handoff calls 

2.4 Resource Management in Wireless Networks 

The role of wireless networks resource management is to provide QoS 

guarantees to multimedia traffic according to their bandwidth requirements while 

maintaining the high utilization of network resource. The resource management in 

wireless networks can be implemented in two levels [BAN05]: 

• Macro-level, which involves call admission control (CAC), resource 

allocation and resource reservation etc. to control the connectivity and end-

user’s perceived QoS of the applications. 

• Micro-level, which deals with power control, media access control (MAC) 

and packet scheduling etc. to control the QoS parameters such as delay and 

jitter of the applications. 

This thesis focuses on the macro-level resource management in multimedia 

wireless networks. According to [NAS07], no matter which multiple access 

technology (FDMA, TDMA or CDMA) is used, the network capacity can be 

interpreted in terms of bandwidth. In other words, bandwidth is the only resource 

under consideration in multimedia wireless networks. To avoid the complexity of 

central coordination, resource management is performed based on each individual 

BS (cell) of the network in a distributed manner. In each BS three resource 

management functionalities including CAC, bandwidth allocation and bandwidth 
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reservation, cooperate with each other to provide integrated QoS guarantees to 

multimedia traffic. 

2.4.1 CAC 

CAC is one of the most important bandwidth management components in 

wireless networks. The objective of CAC is to provide QoS guarantees for the calls 

which request access to the network while efficiently utilizing network bandwidth 

[GHA06] [JAG02] [ZAN01]. Since wireless networks are characterized by user 

mobility, CAC is invoked not only when the new calls initially enter the network, 

but also whenever the ongoing calls hand off from one cell to another [ZHA01]. 

When a new or handoff call arrives, CAC first checks the network bandwidth 

availability. If the available bandwidth of the network can satisfy the requested 

bandwidth of the new or handoff call, the call is accepted; otherwise, the call is 

rejected. Rejecting a new call request leads to call blocking at service initiation and 

rejecting a handoff call request leads to call dropping in the middle of service. 

Hence a good CAC algorithm is very important for wireless networks and it directly 

affects the QoS of new and handoff calls. 

2.4.2 Bandwidth Allocation 

In wireless networks bandwidth is an extremely valuable and scarce resource 

and it should be used in the most efficient manner [LEV97]. The role of bandwidth 

allocation is to decide how the bandwidth is shared among all ongoing calls in the 

network in order to satisfy the different QoS requirements. The bandwidth 

allocation can be divided into two categories: non-adaptive bandwidth allocation 

and adaptive bandwidth allocation. 

With non-adaptive bandwidth allocation, once a call is admitted a contract 

between the network and the call is established. Then, they both try to keep the 

contract throughout the lifetime of the call [KWO98]. When a new or handoff call 

requests a certain amount of bandwidth, the network rejects the call if there is not 

sufficient bandwidth available. On the other hand, when an ongoing call is 

terminated due to its completion or outgoing handoff, the released bandwidth 

cannot be utilized to upgrade other ongoing calls. With adaptive bandwidth 



 15

allocation, the bandwidth of ongoing calls can be dynamically changed to adapt to 

various network conditions. For example, when a new or handoff call arrives to a 

congested network, the allocated bandwidth of ongoing calls can be degraded to 

smaller values to accept the new or handoff call; this can reduce both call blocking 

and handoff dropping probabilities [ELK02] [KWO02] [MAL03] [NAG97] 

[NAS07]. When an ongoing call is terminated due to its completion or outgoing 

handoff, the released bandwidth can be utilized to upgrade other ongoing calls, 

thereby increasing the bandwidth utilization [AHN03] [NAS07] of the network. 

2.4.3 Bandwidth Reservation 

Unlike wireline networks with stationary users, wireless networks are 

characterized by user mobility. After a call is handed off from the original cell to 

the destination cell, to support the continuity of the service the destination cell 

needs to allocate some bandwidth to the call. If the destination cell does not have 

enough bandwidth, the handoff call request will be rejected. In the network, new 

calls and handoff calls are competing for the usage of the finite bandwidth resource. 

Generally, the blocking of new calls and the dropping of handoff calls cannot be 

reduced simultaneously; it is a matter of tradeoffs. It is widely accepted that from 

the end-users’ point of view the dropping of a handoff call is much more 

unbearable than the blocking of a new call [KWO02] [XIA05] [YU03]. To protect 

handoff calls from being dropped, the network can give them higher priority over 

new calls by reserving some bandwidth for their exclusive use [RAP91]. 

Bandwidth reservation is either static [ELK02] [MAL03] or dynamic [CHA03] 

[CHI00] [CHO02] [KIM04] [YE02]. Static approach reserves a fixed percentage of 

bandwidth in each cell of the network. When a handoff call arrives to an overloaded 

cell, the reserved bandwidth can be used to support the handoff call. The advantage 

of static reservation is that no communications between cells are needed thus it is 

very attractive in practical implementation. Dynamic bandwidth reservation can 

change the amount of reserved bandwidth according to the handoff traffic load. 

Compared to static reservation, it usually achieves better performance in reducing 

handoff dropping probability. However, dynamic reservation often involves high 

implementation complexity and message overhead since it needs the prediction of 

handoff traffic and the frequent message exchanges between cells. 
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2.5 QoS in Multimedia Wireless Networks 

2.5.1 Challenges of QoS Provisioning 

Wireless networks provide more freedom to communications than wireline 

networks. However, the distinctive characteristics of wireless networks present 

great challenges to the QoS provisioning for multimedia traffic [ZAR02]. 

2.5.1.1   Bandwidth Limitation 

The link bandwidth of wireless networks is much scarcer than that of wireline 

networks. In the past few years, with the presence of more portable devices coupled 

with the easy access to wireless networks, the number of mobile users has increased 

massively. Meanwhile, new wireless applications especially bandwidth-intensive 

multimedia applications (e.g. video on demand) are emerging. All these have 

greatly increased the bandwidth demand in wireless networks. Even though rapid 

progress is being made for high-speed wireless communications, such as the 

introduction of 3G and WLAN, bandwidth is still the major bottleneck in wireless 

networks due to the physical limitation of wireless media. 

2.5.1.2   Handoff Management 

The bandwidth availability in wireless networks is highly variable due to 

channel fading and user mobility. Channel fading is the time variation of received 

signal power caused by changes in the transmission medium or paths, and user 

mobility means the roaming of mobile user across the cell’s coverage area. 

Although the effect of channel fading can be mitigated by rich-function 

transmission/reception wireless subsystems [GOM98], user mobility may cause 

severe bandwidth fluctuations in wireless networks. For instance, a call may be 

admitted into the network in a cell where its requested bandwidth can be easily met, 

but during the calls’ lifetime it may be handed off to another cell with insufficient 

bandwidth. Since the user’s itinerary and the bandwidth availability in various cells 

are usually unknown in advance, global QoS guarantees are very hard to provide 

[ACA94]. The problem becomes even more challenging as recent wireless 

networks have been implemented based on small-size cells (i.e. microcells and 

picocells ) to allow higher transmission capacity, and thus to accommodate more 
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mobile users [PAD95]. Small-size cells increase the handoff rate and result in rapid 

changes in network conditions, making handoff management difficult [JAB95]. 

2.5.2 Measurements of QoS 

According to [HUA04], the QoS in multimedia wireless networks can be 

measured at two abstraction levels, i.e. connection-level QoS and packet-level QoS. 

2.5.2.1   Connection-Level QoS 

Connection-level QoS is the basic level QoS in wireless networks. It is related to 

connection establishment and management, which are very important in wireless 

networks, especially in dealing with handoff requests generated by user mobility. 

Connection-level QoS measures the connectivity and continuity of services, 

mainly in terms of two parameters, i.e. call blocking probability and handoff 

dropping probability. Call blocking probability is the ratio of the number of blocked 

new call requests due to insufficient bandwidth, to the total number of the new call 

requests initiated within the cell; it measures service connectivity in the present of 

new call requests. Handoff dropping probability is the ratio of the number of 

dropped handoff call requests due to insufficient bandwidth to the total number of 

handoff call requests roaming into that cell; it measures service continuity during 

handoff. 

2.5.2.2   Application-Level QoS 

Connection-level QoS is necessary for wireless networks, but it is usually not 

enough, especially in assessing the applications qualities perceived by end-users, 

whose services has been connected and continued by the connection-level QoS 

support functions. Application-level QoS is introduced as a supplement to 

connection-level QoS and it refers to the applications qualities that the network 

offers to end-users in terms of QoS parameters including bandwidth, delay/delay 

variation, and loss/error rate, etc [HUA04] [TAL98]. 

The work presented in this thesis uses utility to evaluate application-level QoS. 

Utility was originally introduced in the research of economics and has been used as 

the QoS measurement in both wireline [ALP03] [CAO97] [CHO05] [HAR05] 
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[KEL97] [LA02] [LEE06] [RAK01] [SAR02] [WAN00] and wireless networks 

[CAO02] [CUR05] [DAS03] [JIA05] [KWO02] [LIA01] [ZHO01] [ZHO04] in 

recent years. Utility represents the “level of satisfaction” of an end-user or the 

performance of an application. Generally, the utility of an application is a function 

of its bandwidth, delay and loss performance over the network. But it is reasonable 

to assume that the application’s delay/loss requirements are independent of its 

actual allocated bandwidth. Then utility will depend only on the available 

bandwidth that the network can allocate to the application while meeting its 

delay/loss requirements [LEE95]. The reason that utility rather than bandwidth is 

used for application-level QoS measurement is that the end-user of an application is 

not interested in the amount of bandwidth that is available to the application, but 

rather in the utility (quality) of the application obtained from that amount of 

bandwidth. 

2.5.3 Previous Work on QoS Provisioning 

In the past few years, QoS provisioning in wireless networks have attracted the 

interests of many researchers. In [OLI98], the authors propose an adaptive 

bandwidth reservation scheme to provide QoS guarantees for multimedia traffic in 

wireless networks. The scheme allocates bandwidth to a call in the cell where the 

call request originates and reserves bandwidth dynamically in all neighbouring cells 

according to the network conditions. Bandwidth reservation in all neighbouring 

cells guarantees the QoS of handoff calls, but it often results in the underutilization 

of network resource as mobile user hands off to only one of the cells. Reference 

[HUA04] presents an adaptive bandwidth allocation scheme for QoS support in 

broadband wireless networks consisting of three service classes with different 

handoff dropping requirements. The scheme includes the measurement-based CAC 

and bandwidth reservation algorithms to adaptively allocate bandwidth to the calls 

so that the target handoff dropping probability can be met. The main disadvantage 

of the scheme is that the allocated bandwidth of the call is kept fixed during the stay 

in the cell and it can only be changed when handoff happens. This is also the case 

for [OLI98]. 

Nasser et al. [NAS07] describes an adaptive bandwidth allocation framework 

which can adjust the bandwidth of ongoing calls during their stay in the cell 
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whenever there are resource fluctuations in wireless networks. When a new or 

handoff call arrives to an overloaded network, the bandwidth adaptation algorithm 

can reduce the allocated bandwidth of ongoing calls to free some bandwidth for the 

new or handoff call. The bandwidth adaptation algorithm minimizes the number of 

calls receiving lower bandwidth than that requested. In [KWO99], a bandwidth 

adaptation scheme is developed for wireless networks to guarantee the upper bound 

of the call degradation probability. The CAC measures the state of the network and 

reflects the observed system history on making call admission decisions. The 

adaptation algorithm adjusts the bandwidth of multimedia calls to minimize the call 

degradation probability. In the work of El-Kadi et al. [ELK02], a rate-based 

borrowing scheme (RBBS) is provided for multimedia wireless networks. In case of 

insufficient bandwidth, in order not to deny service to requesting calls, bandwidth 

can be borrowed on a temporary basis from existing calls to accept the new or 

handoff call. When enough bandwidth becomes available due to call completion or 

outgoing handoff, the bandwidth is returned to the ongoing calls. To reduce handoff 

dropping probability, a fixed amount of bandwidth is reserved for handoff calls in 

each cell. Reference [CHA06] proposes a borrowing-based adaptive bandwidth 

allocation scheme to improve the work in [ELK02]. The scheme makes adaptive 

decisions for bandwidth allocation by employing attribute-measurement mechanism 

and service-based bandwidth borrowing policy. A dynamic time interval 

reservation strategy is introduced to provide QoS guarantees for handoff calls by 

adjusting the amount of reserved bandwidth in each cell according to the online 

traffic information. Compared to [HUA04] and [OLI98], the bandwidth adaptation 

schemes proposed in [CHA06] [ELK02] [KWO99] and [NAS07] provide more 

flexibility in bandwidth allocation since they can change the bandwidth of ongoing 

calls during their stay in the cell. However, these schemes have one common 

drawback, i.e. they have not provided any mechanism to measure the degradation of 

calls. 

The bandwidth adaptation scheme for wireless networks described in [CHO04] 

measures the bandwidth degradation of multimedia calls. Two bandwidth 

degradation metrics, i.e. bandwidth degradation ratio and bandwidth degrade 

frequency, are taken into account in the bandwidth degradation process. Similar 

bandwidth degradation measurements can also be found in [XIA05]. The bandwidth 
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adaptation schemes introduced in [CHO04] and [XIA05] evaluate the application-

level QoS using bandwidth instead of a quantitative measure which can be 

perceived by end-users. Hence the consequence of bandwidth degradation, namely 

the decrease of the satisfaction degree of end-users, and the adaptive characteristics 

of the ongoing calls cannot be reflected. For example, a small portion of bandwidth 

degradation on a non-real-time data call may result in unnoticeable perceived QoS 

change on the end-user; while the same bandwidth degradation on a real-time 

multimedia call may cause the application to be dropped. The quantitative QoS 

measure is also a missing factor in other bandwidth adaptation schemes mentioned 

above. To address such problem, this thesis applies utility to bandwidth adaptation 

to provide both connection-level and application-level QoS to multimedia traffic in 

wireless networks. In the following chapters, the utility-based adaptive multimedia 

traffic model and several utility-based bandwidth adaptation schemes will be 

proposed. 

2.6 Summary 

This chapter presents the background of the thesis. It first gives a brief review of 

wireless networks evolution. Then the organization and resource management 

functionalities of wireless networks are described in detail. Following that, the 

challenges of QoS provisioning in wireless networks are analyzed. Two QoS 

measurements including connection-level QoS and application-level QoS are 

introduced, the management of which brings out the motivation of the work in this 

thesis. 
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Chapter 3 Utility-based Bandwidth Adaptation 
Foundation 

3.1 Introduction 

This chapter introduces the fundamental issues of utility-based bandwidth 

adaptation for multimedia traffic in wireless networks. Section 3.2 presents the 

utility-based multimedia traffic model. Section 3.3 explains the architecture and 

techniques for the implementation of multimedia adaptation in wireless networks. 

Section 3.4 discusses the objectives of utility-based bandwidth adaptation. Section 

3.5 describes the bandwidth adaptation procedure which consists of bandwidth 

degrades and bandwidth upgrades. Section 3.6 summarizes the chapter. 

The work presented in this chapter serves as the foundation for the utility-based 

bandwidth adaptation schemes which will be proposed in the later chapters. 

3.2 Utility-based Multimedia Traffic Model 

In multimedia wireless networks, different applications have different bandwidth 

requirements. To provide QoS support to multimedia applications according to their 

bandwidth needs under the wireless environment featuring limited and varying 

bandwidth resource, the explicit traffic model is needed to reflect the QoS 

sensitivity of the applications to bandwidth allocation. In this section a utility-based 

multi-class traffic model is proposed to differentiate multimedia traffic according to 

their adaptive characteristics. 

3.2.1 Utility Functions 

A utility function is defined as a curve mapping the amount of bandwidth 

received by the application to the performance as perceived by the end-user. Utility 

function is monotonically non-decreasing; in other words, more bandwidth 

allocation should not lead to degraded application performance. The key advantage 

of utility function is that it can inherently reflect the QoS requirements of the end-
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user and quantify the adaptability of the application. The shape of the utility 

function varies according to the adaptive characteristics of the application. 

3.2.2 Utility Functions Formulation for Multimedia Traffic 

Recently utility functions have been widely applied by many adaptive bandwidth 

allocation schemes for QoS provisioning in multimedia wireless networks [CAO02] 

[CUR05] [DAS03] [JIA05] [KWO02] [LIA01]. However, the formulation of utility 

functions for multimedia traffic remains a problem. Reference [DAS03] adopts the 

Sigmoid utility functions, reference [KWO02] uses linear and convex utility 

functions, and reference [CUR05] constructs utility functions using subjective 

values from the authors’ experiments. None of these schemes provide the method to 

capture the adaptive nature of the applications and map their allocated bandwidth to 

the utilities. The work presented in [BOC99] [LIA99] [LIA03] and [WAN03] 

introduces the approaches to generate utility functions for multimedia applications 

by evaluating their qualities subjectively from the discrete bandwidth sets. The 

drawback of these approaches is that they need to create the utility function for each 

multimedia application individually. However, usually wireless networks are 

featured by a large number of applications, thus it is not practical for them to be 

used for real-time bandwidth allocation. To solve such problem, this section 

categorizes multimedia traffic into difference classes according to their adaptive 

characteristics and formulates the utility function for each class of traffic to reflect 

its nature of adaptability. 

According to the bandwidth requirements, multimedia traffic can be classified 

into two broad classes: 

• Class I – real-time traffic, and 

• Class II – non-real-time traffic. 

Class I traffic can be further classified into two subclasses – adaptive real-time 

traffic and hard real-time traffic. 



 23

3.2.2.1   Adaptive Real-Time Traffic 

Adaptive real-time traffic refers to the applications that have flexible bandwidth 

requirements. In case of congestion, they can gracefully adjust their transmission 

rates to adapt to various network conditions. However, such applications have an 

intrinsic bandwidth requirement intrb  because the data generation rate is 

independent of the network congestion. Thus, the quality starts dropping sharply as 

soon as the bandwidth is reduced below intrb  and becomes unacceptable when the 

bandwidth is reduced below minb  [SHE95]. Typical examples are interactive 

multimedia services and video on demand [OLI98]. The utility function of adaptive 

real-time traffic is modelled as follows: 

                                                       
2

1

2( ) 1
k b
k bu b e

−
+= −                                               (3.1) 

where 1k  and 2k  are two positive parameters which determine the shape of the 

utility function and ensure that when the maximum bandwidth requirement maxb  is 

received, the achieved utility maxu  is approximately equal to 1. The similar utility 

function has also been used to model adaptive real-time traffic in [BRE98] and 

[RAK01]. The general shape of the utility function is depicted in Figure 3.1. At 

high bandwidth values the marginal utility of additional bandwidth is very slight 

because the signal quality is much better than humans need. At very small 

bandwidth values, the marginal utility is also very slight because the signal quality 

is unbearably low [SHE95]. The utility function is convex in the neighbourhood 

around minb  and starts becoming concave after intrb . 
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Figure 3.1 The utility function of adaptive real-time traffic 
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To determine the exact shape of the adaptive real-time traffic utility function, 

parameters 1k  and 2k  need to be calculated. 

It is obvious that for a utility function when its allocated bandwidth b  reaches 
maxb , the corresponding utility u  is equal to maxu . Thus there is the following 

equation: 
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From Equation (3.2) the relationship between 1k  and 2k  can be derived as 

follows: 
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Now one more equation is needed to calculate 1k  and 2k . The intrinsic 

bandwidth requirement intrb  is defined as the bandwidth before which the utility 

function is convex and after which the function becomes concave. This happens at 

the point where the second-order derivative of the utility function is equal to zero 

[RAK02], i.e. 
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After calculating the second-order derivative there is the following equation: 
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Since both 1k  and 2k  are positive numbers Equation (3.5) is equal to zero only 

when the cubic polynomial in the brackets is zero, i.e. 
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After substituting 1k  with 
max max
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Since intrb , maxb  and maxu  are all constants which can be pre-defined by network 

operators and/or end-users, Equation (3.7) is a cubic polynomial equation in 2k  

with all coefficients constant. The equation can be solved easily and its positive 

cube root is the value for 2k . After achieving 2k , 1k  can then be calculated using 

Equation (3.3). 

3.2.2.2   Hard Real-Time Traffic 

Hard real-time traffic refers to the applications with stringent bandwidth 

requirements. A call belonging to hard real-time traffic requires strict end-to-end 

performance guarantees and does not show any adaptive properties. It is not 

allowed to enter the network if its minimum bandwidth requirement minb  cannot be 

met. Once accepted, the maximum utility maxu  is achieved. The bandwidth of the 

call cannot be changed during its lifetime and any bandwidth decrease will cause 

the utility drop to zero. Examples include audio/video phone, video conference and 

telemedicine [OLI98] [RAK01]. The following utility function is used to model 

hard real-time traffic: 
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The shape of the utility function is depicted in Figure 3.2. 
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Figure 3.2 The utility function of hard real-time traffic 

The exact shape of the hard real-time traffic utility function is determined by 
minb  which can be pre-defined by network operators and/or end-users. 

3.2.2.3   Non-Real-Time Traffic 

Non-real-time traffic refers to the applications which are rather tolerant of 

delays. In case of congestion, it is acceptable to buffer non-real-time applications at 

the network node and transmit them at a slower rate. For non-real-time traffic, it is 

assumed that there is no minimum required bandwidth since they can tolerate 

relatively large delays. Most traditional data applications such as E-mail, file 

transfer and remote login [RAK01] [SHE95] belong to non-real-time traffic and 

they can work without guarantees of timely packet delivery. The following utility 

function is used to model non-real-time traffic: 

                                                       max( ) 1
kb

bu b e
−

= −                                                (3.9) 

where k  is a positive parameter which determines the shape of the utility function 

and ensures that when the maximum bandwidth requirement maxb  is allocated, the 

achieved utility maxu  is approximately equal to 1. The utility function of non-real-

time traffic has the general shape shown in Figure 3.3. From the figure it can be 

seen that there is a diminishing marginal rate of performance enhancement as 

bandwidth increases, so the utility function is strictly concave everywhere. 
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Figure 3.3 The utility function of non-real-time traffic 

To determine the exact shape of the non-real-time traffic utility function, 

parameter k  needs to be calculated. 

For a utility function, when the allocated bandwidth b  reaches maxb , the 

corresponding utility u  is equal to maxu . Thus there is the following equation: 
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Parameter k  can be derived from Equation (3.10) as follows: 

                                                      maxln(1 )k u= − −                                            (3.11) 

Since maxu  is a constant which can be pre-defined by network operators and/or 

end-users, k  can be easily calculated using Equation (3.10). 

3.2.3 The Quantization of Utility Functions 

In wireless networks with multimedia traffic, each call is assigned a utility 

function with shape depending on its traffic class. When a call requests a 

connection to the network, it is assumed to provide the following information: 

• Traffic class; 

• Bandwidth requirements; 

• Utility function. 
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With adaptive bandwidth allocation paradigm, if there is enough bandwidth 

available in the network, the call is allocated its maximum bandwidth maxb ; 

otherwise, depending on how much the network is overloaded, the call is allocated 

a bandwidth ranging from its minimum bandwidth minb  to its maximum bandwidth 
maxb . Note that if the call belongs to hard real-time traffic, once admitted its 

allocated bandwidth are fixed during the lifetime. Hard real-time traffic is regarded 

as a special case of the adaptive real-time traffic and in the rest of the thesis no 

distinction will be made between them. 

The utility functions with various shapes can accurately reflect the adaptive 

characteristics of multimedia applications. While in practice, utility functions 

should be simple enough to support the design of bandwidth adaptation schemes in 

wireless networks. Hence there have to be a tradeoff between the accuracy and 

simplicity of utility functions. It has been proved that the use of linear piecewise 

functions can greatly simplify utility functions while still maintaining acceptable 

accuracy [CUR05] [LIA01]. A utility function can be quantized into a linear 

piecewise function by dividing its utility or bandwidth range into a number of equal 

intervals. For utility function ( )u b , after quantization it is approximated to a 

continuous linear piecewise function represented by a list of <bandwidth, utility> 

points in the increasing order of bandwidth, i.e. 

1 1 2 2( ) ( , , , , , , )= < > < > < >… K Ku b b u b u b u  

where 1 is the lowest level and K  is the highest level of the linear piecewise utility 

function. 

Figures 3.4 and 3.5 demonstrate the quantization of utility functions using equal 

utility interval u∆  and equal bandwidth interval b∆ , respectively. Note that due to 

the strict bandwidth requirements of hard real-time traffic, their utility functions are 

the same before and after quantization containing only one <bandwidth, utility> 

point, i.e. 1 1( ) ( , )= < >u b b u . 
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Figure 3.4 Utility functions quantization using equal utility interval 
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Figure 3.5 Utility functions quantization using equal bandwidth interval 

3.3 Multimedia Adaptation Implementation in Wireless 
Networks 

3.3.1 Multimedia Adaptation Architecture 

Tremendous efforts have been made in designing the adaptation architecture for 

multimedia applications in wireless networks. Although there is still no standard 

overall architecture for the end-to-end implementation, some partial solutions have 

been proposed. As introduced in [CHE03] [RAK02] and [SEM03], the adaptation 

of multimedia applications can be achieved at different Open System 

Interconnection (OSI) layers in wireless networks (see Figure 3.6): 
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Figure 3.6 Multimedia adaptation at different OSI layers [SEM03] 

The function of each OSI layer is as follows: 

• Physical layer. At the physical layer, adaptability can be achieved by 

choosing appropriate modulation techniques e.g. PSK. 

• Data link layer. At the data link layer, error control mechanisms e.g. 

retransmission can be used to protect against the varying error rates of 

wireless links. 

• Network/Transport layer. At the network/transport layer, routing methods 

can be used to adapt the applications when there is user mobility. 

• Application layer. At the application layer, most multimedia applications 

can adapt to the changing networking conditions using various multimedia 

coding techniques [VAN01]. How to adapt the multimedia applications at 

this layer to meet the objectives of network operators and/or end-users is the 

interest of this thesis. 

3.3.2 Multimedia Adaptation Techniques 

Based on the granularity of bandwidth allocation, multimedia adaptation can be 

divided into discrete adaptation and continuous adaptation. Discrete adaptation 
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limits the bandwidth choice of the application to a set of discrete bit rates between 

its minimum and maximum bandwidth requirements, whereas continuous 

adaptation allows the allocated bandwidth of the application to be adjusted to any 

bit rate between its minimum and maximum bandwidth requirements. 

3.3.2.1   Discrete Adaptation 

With discrete adaptation approach, the multimedia application is encoded in the 

form of different layers to adapt to the varying network resource conditions [LI98] 

[SHA92] [VIC98]. The base layer contains critical information for decoding the 

application at the lowest quality. The higher layers improve the application quality 

progressively. When the network is congested, only the base layer is transmitted; 

when more bandwidth becomes available, better application quality can be obtained 

by transmitting the higher layers. Figure 3.7 illustrates an example of layer encoded 

multimedia. The bandwidth of the multimedia application can only take discrete 

values in the set 1 2 3{ , , }b b b . If the network is overloaded, the application is 

allocated its base layer bandwidth requirement 1b . When more bandwidth becomes 

available, additional bandwidth 1b∆  or 1 2( )b b∆ + ∆  can be allocated increasing the 

total bandwidth to 2b  or 3b , where 1b∆  and 2b∆  are the 1st and 2nd enhanced 

layer of the multimedia application, respectively. 

Bandwidth

2b

2b∆

3b1b∆

1b

 

Figure 3.7 Example of layer encoded multimedia 

3.3.2.2   Continuous Adaptation 

Discrete adaptation is easy to implement but it has scalability limitation since the 

bandwidth of the multimedia application can only be adapted on a number of 
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discrete values. To overcome this drawback, fine-granular scalable (FGS) coding 

techniques have been proposed to support continuous multimedia adaptation 

[CHE03]. With FGS, the multimedia application can specify the range of 

acceptable bandwidth and its allocated bandwidth can be adapted to any value in 

the bandwidth range. An example is the wavelet-based Joint Photographic Experts 

Group 2000 (JPEG-2000) image coding standard [ISO00-2]. With the embedded 

coding system, the image can be encoded at any desirable bit rate within the 

specified bandwidth range. The new generation multimedia communication coding 

standard MPEG-4 also uses FGS coding to support continuous adaptation [ISO00-

1]. 

Continuous adaptation provides more control over multimedia applications than 

discrete adaptation but it is more complicated to implement. The choice between 

discrete and continuous adaptation depends on the needs of network operators 

and/or end-users. The bandwidth adaptation schemes described in [KWO02] and 

[NAS07] are based on discrete adaptation while the schemes in [BIA98] [CUR05] 

and [LIA01] are based on continuous adaptation. Since the utility functions 

formulation proposed in Section 3.2.2 assume that the bandwidth of the multimedia 

applications are continuous and can take any value between their minimum and 

maximum bandwidth requirements, without loss of generality, continuous 

multimedia adaptation is considered throughout this thesis. 

3.4 Utility-based Bandwidth Adaptation Objectives 

Before designing the bandwidth adaptation schemes, it is necessary to identify 

the objectives of bandwidth adaptation to decide how bandwidth is allocated among 

ongoing calls in the network. For instance, in case of bandwidth scarcity, it is 

unclear whether some ongoing calls should be degraded to free bandwidth to 

accommodate the new or handoff call, or the new or handoff call should be simply 

rejected; if the new or handoff call is chosen for admission, how much each 

ongoing call should be degraded and how much bandwidth should be allocated to 

the new or handoff call. 
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The objectives of bandwidth adaptation can be very diverse according to the 

QoS requirements of network operators and/or end-users. From the network 

operators’ perspective, they are usually interested in generating more network 

revenue, i.e. utility, while providing good service qualities to attract end-users. 

From the end-users’ perspective, they usually want to be treated by network 

operators in a fair manner, i.e. their perceived applications qualities are as equal to 

each other as possible. To support the QoS provisioning in wireless networks, 

bandwidth adaptation often needs to make tradeoffs between multiple QoS 

objectives. In this thesis, bandwidth adaptation is based on application utility 

functions. Each call in the network is assigned a utility function to reflect the 

relationship between bandwidth allocation and the end-user’s satisfaction. The 

utility-based bandwidth adaptation takes into account the QoS requirements of 

network operators and/or end-users. The later chapters will introduce some 

important utility-based bandwidth adaptation objectives and propose corresponding 

bandwidth adaptation schemes to meet these objectives. 

3.5 Utility-based Bandwidth Adaptation Procedure 

In wireless networks with multimedia traffic, bandwidth adaptation should be 

used selectively. Since calls belonging to hard real-time traffic have stringent 

bandwidth requirements and their allocated bandwidth cannot be changed after they 

are admitted into the network, bandwidth adaptation can only be applied to adaptive 

calls, i.e. calls belonging to adaptive real-time traffic or non-real-time traffic1. 

Bandwidth adaptation is performed in each BS and it consists of two processes – 

bandwidth degrades and bandwidth upgrades, which are triggered by call arrival 

events and call departure events, respectively (see Figure 3.8). Call arrival events 

include new call arrival events (a new call is generated within the cell) and handoff 

call arrival events (a handoff call arrives to the cell). Call departure events include 

call completion events (a call within the cell completes) and outgoing handoff 

events (a call leaves its current cell) [ALJ00] [XIA01]. 

                                                 

1 Throughout this thesis, adaptive calls refer to the calls belonging to adaptive real-time traffic or 
non-real-time traffic. 
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Figure 3.8 Bandwidth adaptation trigger events 

3.5.1 Bandwidth Degrades 

When a new or handoff call arrives to a cell of the network, if the cell has 

enough bandwidth available, the new or handoff call is admitted at its maximum 

bandwidth requirement. If the cell is overloaded, the bandwidth of adaptive ongoing 

calls can be degraded to smaller values to accommodate the new or handoff call. To 

meet the utility-based objectives specified by network operators and/or end-users, 

bandwidth degrades need to answer three questions: 1) which ongoing calls are 

eligible to degrade; 2) how much each ongoing call should be degraded; and 3) how 

much bandwidth should be allocated to the new or handoff call. Figure 3.9 

illustrates the bandwidth degrades procedure when a new or handoff call arrives to 

a cell containing n  adaptive ongoing calls, where cur
ib  and adapt

ib  are the current 

bandwidth allocation and the bandwidth allocation after bandwidth degrades of the 

-thi  ongoing call, respectively. 
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Figure 3.9 Bandwidth degrades procedure 

3.5.2 Bandwidth Upgrades 

When an ongoing call is terminated due to its completion or outgoing handoff 

from its current cell to another, if all calls in the current cell have received their 

maximum bandwidth, the released bandwidth is saved for future use. Otherwise, the 

released bandwidth can be utilized to upgrade the adaptive ongoing calls that have 

not received their maximum bandwidth. To meet the utility-based objectives 

specified by network operators and/or end-users, bandwidth upgrades need to 

answer two questions: 1) which ongoing calls are eligible to upgrade; 2) how much 

each call should be upgraded. Figure 3.10 illustrates the bandwidth upgrades 

procedure when a call is completed or handed off in a cell containing n  adaptive 

ongoing calls, where cur
ib  and adapt

ib  are the current bandwidth allocation and the 

bandwidth allocation after bandwidth upgrades of the -thi  adaptive ongoing call, 

respectively. 
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Figure 3.10 Bandwidth upgrades procedure 

3.6 Summary 

This chapter introduces the fundamental issues of utility-based bandwidth 

adaptation for multimedia wireless networks. First, the utility-based adaptive 

multimedia traffic model is presented by classifying multimedia traffic into 

different classes and formulating the utility function for each class of traffic 

according to its adaptive characteristics. Then the network architecture of 

multimedia adaptation is introduced. Two multimedia adaptation techniques, i.e. 

discrete adaptation and continuous adaptation are presented. At the end, the 

objectives of utility-based bandwidth adaptation are discussed and the bandwidth 

adaptation procedure including bandwidth degrades and bandwidth upgrades are 

described in detail. 
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Chapter 4 Utility-Maximization Bandwidth 
Adaptation 

4.1 Introduction 

As described in Chapter 3, from the network operators’ perspective, the most 

important objective of bandwidth adaptation is to achieve higher network utility 

while providing good applications qualities. The network utility can be increased by 

accommodating more calls and/or allocating bandwidth among calls using the 

utility-maximization approach. Since admitting too many calls into the network can 

cause the network overload and result in severe applications degradation, this 

chapter investigates the method to allocate bandwidth to maximize the total utility 

of all calls in the network. Building on the availability of utility-based adaptive 

traffic model, a utility-maximization bandwidth adaptation scheme is proposed for 

multimedia traffic in wireless networks. Apart from the utility-maximization 

bandwidth adaptation algorithm, two supplementary resource management 

functionalities including CAC and bandwidth reservation has also been integrated 

into the bandwidth adaptation scheme to reduce the call blocking and handoff 

dropping probabilities. 

The structure of the chapter is as follows. Section 4.2 surveys related work in the 

area of utility-maximization bandwidth adaptation for wireless networks and shows 

that the proposed scheme is new and original. Section 4.3 gives a detailed 

description and formulation of the utility-maximization bandwidth adaptation 

problem. Section 4.4 presents an efficient search tree based algorithm to maximize 

the total utility of ongoing calls in the network. Section 4.5 introduces the CAC and 

bandwidth reservation mechanisms which provide QoS guarantees to the new and 

handoff calls. Section 4.6 presents the multimedia wireless network simulation 

model used in this thesis. Section 4.7 verifies and validates the simulation model. 

Section 4.8 evaluates the performance of the proposed utility-maximization 

bandwidth adaptation scheme by comparing it with a non-adaptive scheme and 

RBBS under various traffic loads. Section 4.9 summarizes the chapter. 
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4.2 Related Work 

Recently some utility-maximization bandwidth adaptation schemes have been 

proposed for the QoS provisioning in wireless networks. Reference [BHA98] 

presents the TIMELY adaptive resource management architecture for wireless 

networks. The architecture has four layers – link, reservation, adaptation and 

transport – all of which perform resource adaptation in a coordinated manner to 

solve the problems introduced by the scarce and dynamic network resources. A 

revenue model for resource usage is described and a rate adaptation algorithm is 

presented to distribute resource among the adaptable flows to maximize network 

revenue. However, the multi-layer architecture has made the bandwidth adaptation 

to work at the expense of high message overhead. In [DAS03], the authors 

introduce a bandwidth adaptation scheme for multimedia wireless networks. A 

revenue-based multimedia traffic model is introduced and a bandwidth degradation 

algorithm is presented to maximize the net revenue of the network. Kwon et al. 

[KWO02] describes a near-optimal bandwidth allocation algorithm for multimedia 

QoS support in wireless networks. When the network is overloaded, bandwidth can 

be degraded from ongoing calls to accept the new or handoff call. The bandwidth 

degradation algorithm is based on a greedy approach and seeks to achieve 

maximum network revenue with polynomial time complexity. The limitation of 

[DAS03] and [KWO02] is that they only consider wireless networks with one 

single cell thus the basic characteristic of wireless networks, i.e. user mobility, has 

not been taken into account. The authors in [FEI06] propose a bandwidth adaptation 

scheme for wireless networks with multiple cells. The QoS provisioning is 

formulated as a constrained Markov decision problem and a Q-learning algorithm is 

introduced to maximize the network revenue and meet the QoS constraints. But the 

learning process of the algorithm can be time-consuming making it not suitable for 

real-time QoS support. Another bandwidth adaptation scheme for multiple cells 

wireless networks is described in [AHN03]. When some bandwidth becomes 

available due to the completion or outgoing handoff of an ongoing call, the released 

bandwidth is utilized to upgrade other ongoing calls which need more bandwidth 

allocation. The objective of bandwidth upgrades is to maximize the total 

satisfaction degree of end-users in the network. A Lagrangean relaxation based 

algorithm is developed to support the real-time bandwidth adaptation. The 
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drawback of the scheme is that it does not address the problem of bandwidth 

degradation when the network is overloaded. In the work of Curescu et al. 

[CUR05], a time-aware bandwidth allocation scheme is introduced for wireless 

networks to maximize the accumulated utility of all ongoing calls. Interestingly, the 

scheme identifies how bandwidth re-allocation affects the utilities of the 

applications. To integrate this information into the bandwidth allocation algorithm, 

it is assumed that the duration of every connection can be estimated. However, 

under real-time wireless networks environment it is complicated to estimate the 

connection duration since the allocated bandwidth of ongoing calls are changed 

dynamically with bandwidth adaptation. Moreover, the scheme does not reserve 

bandwidth for real-time handoff calls therefore it risks an inability of meeting their 

QoS requirements when the network is heavily overloaded. Bandwidth reservation 

has also been ignored by [AHN03] [DAS03] [FEI06] and [KWO02]. 

This chapter proposes a novel utility-maximization bandwidth adaptation 

scheme for QoS support in multimedia wireless networks. With the proposed 

scheme, each call in the network is assigned a utility function. Bandwidth 

adaptation is divided into two processes – bandwidth degrades and bandwidth 

upgrades. Depending on the network load the allocated bandwidth of ongoing calls 

are degraded or upgraded dynamically so that the achieved utility in each individual 

cell of the network is maximized. Appropriate CAC and bandwidth reservation 

policies have also been integrated into the bandwidth adaptation scheme to reduce 

the call blocking and handoff dropping probabilities. 

4.3 Problem Formulation 

As introduced in Chapter 3, bandwidth adaptation is performed based on each 

cell of the network in a distributed manner and it is assumed that the bandwidth 

capacity of each cell is fixed. 

4.3.1 Bandwidth Degrades 

Consider a saturated cell containing n  adaptive ongoing calls, when a new or 

handoff call arrives the allocated bandwidth of ongoing calls can be degraded to 

smaller values to accommodate the new or handoff call. Denote the utility function 
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of the -thi  ongoing call as ( )i iu b  (1 )i n≤ ≤  and its current allocated bandwidth as 

iβ , thus the degradable utility function of the -thi  ongoing call can be written as  

( ) ( )β↓ ↓ ↓= −i i i i iu b u b  min(0 )i i ib bβ↓≤ ≤ − , where ib↓  and min
ib  are the bandwidth 

degrades and the minimum bandwidth requirement of the call, respectively. Figure 

4.1 illustrates the degradable utility function of the -thi  ongoing call when it 

belongs to adaptive real-time traffic or non-real-time traffic. 
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Figure 4.1 The degradable utility function of the -thi  ongoing call 

Assume the new or handoff call is adaptive2 and denote its utility function as 

1 1( )n nu b+ + . The objective of bandwidth degrades is to find the bandwidth degrades 

profile { }ib↓  for the n  ongoing calls and the allocated bandwidth 1nb +  for the new 

or handoff call to maximize their total utility subject to bandwidth constraints, i.e. 

                                    maximize  1 1
1

( ) ( )↓ ↓
+ +

=

 
+ 

 
∑

n

i i n n
i

u b u b ,                                  (4.1) 

                                    subject to  min0 i i ib bβ↓≤ ≤ − ,                                            (4.2) 

                                                     1
1

( )
n

i i n
i

b b Bβ ↓
+
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− + ≤ 

 
∑ .                                 (4.3) 

                                                 

2 If the new or handoff call is non-adaptive, it is not considered for bandwidth adaptation and its 
acceptance or rejection is determined by the CAC policy introduced later. 
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where B  is the total available bandwidth for adaptive calls. 

Note that bandwidth degrades are only performed among adaptive ongoing calls. 

Calls belonging to hard-real-time traffic cannot be degraded since for these calls 

any bandwidth degrades will cause them to be dropped due to their stringent 

bandwidth requirements. 

4.3.2 Bandwidth Upgrades 

Assume that in an overloaded cell when a call is completed or handed off to 

another cell, there are n  adaptive ongoing calls that have not received their 

maximum bandwidth requirements. The released bandwidth from the completed or 

outgoing handoff call (denoted by β ) can be used to upgrade these ongoing calls to 

enhance their qualities and increase network bandwidth utilization. Again, denote 

the utility function of the -thi  ongoing call as ( )i iu b  (1 )≤ ≤i n  and its current 

allocated bandwidth as iβ , thus the upgradable utility function of the -thi  ongoing 

call can be written as ( ) ( )i i i i iu b u bβ↑ ↑ ↑= + max(0 )i i ib b β↑≤ ≤ − , where ib↑  and max
ib  

are the bandwidth upgrades and the maximum bandwidth requirement of the call, 

respectively. Figure 4.2 illustrates the upgradable utility function of the -thi  

ongoing call when it belongs to adaptive real-time traffic or non-real-time traffic. 
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Figure 4.2 The upgradable utility function of the -thi  ongoing call 
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The objective of bandwidth upgrades is to find the bandwidth upgrades profile 

{ }ib↑  for the n  ongoing calls to maximize their total utility subject to bandwidth 

constraints, i.e. 

                                    maximize  
1

( )
n

i i
i

u b↑ ↑

=
∑ ,                                                       (4.4) 

                                    subject to  max0 i i ib b β↑≤ ≤ − ,                                            (4.5) 

                                                     
1

n

i
i

b β↑

=

≤∑ .                                                        (4.6) 

Similar to bandwidth degrades, bandwidth upgrades are also only performed 

among adaptive ongoing calls. Calls belonging to hard-real-time traffic do not need 

to be upgraded because for these calls more bandwidth allocation will not lead to 

extra utility generation. 

4.4 The Proposed Utility-Maximization Algorithm 

The essence of utility-maximization bandwidth adaptation is to maximize the 

total utility of n  utility functions subject to bandwidth constraints. In Chapter 3 

utility function quantization is introduced to simplify the utility function. For utility 

function ( )i iu b , after quantization using equal bandwidth interval b∆  or equal 

utility interval u∆  it becomes a function represented by a list of <bandwidth, 

utility> points in the increasing order of bandwidth, i.e. 

1 1 2 2( ) ( , , , , , , )i iK K
i i i i i i i iu b b u b u b u= < > < > < >…  

where iK  is the maximum <bandwidth, utility> level. Thus bandwidth adaptation 

becomes to maximize the total utility of n  quantized utility functions which can be 

arranged as follows: 

1 11 1 2 2
1 1 1 1 1 1 1 1( ) ( , , , , , , )K Ku b b u b u b u= < > < > < >…  

2 21 1 2 2
2 2 2 2 2 2 2 2( ) ( , , , , , , )K Ku b b u b u b u= < > < > < >…  
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1 1 2 2( ) ( , , , , , , )n nK K
n n n n n n n nu b b u b u b u= < > < > < >…  

The utility-maximization problem is NP-hard and finding optimal solutions has 

exponential time complexity [CUR05] [LEE99]. In wireless networks bandwidth 

adaptation should be performed in real-time to support the frequent bandwidth 

fluctuations. Therefore in this section an efficient search tree based utility-

maximization algorithm is presented. 

The algorithm can be illustrated by a search tree as shown in Figure 4.3. The 

quantized utility function of each call is represented by a branch in the tree and the 

<bandwidth, utility> points of each utility function are represented by the nodes in 

the branch. The nodes of each branch are laid out downwards to reflect the 

bandwidth allocation order, i.e. the second <bandwidth, utility> point of a utility 

function is connected to its first <bandwidth, utility> point and so on. 
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Figure 4.3 Bandwidth allocation tree 

The tree contains n  branches and the number of branches is equal to the number 

of utility functions. Each branch (utility function) is associated with ten variables 
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cur
ib , cur

iu , next
ib , next

iu , temp
ib , temp

iu , req
ib , cur

ir , temp
ir  and max

ir  (all notations can be 

found in Table 4.1). The algorithm allocates the bandwidth in a greedy fashion 

based on utility generation ratio, i.e. it gives priority to the <bandwidth, utility> 

points with higher utility generation ratio. The utility generation ratio r  is 

calculated by dividing the utility increase by bandwidth increase between two 

<bandwidth, utility> points in a branch. The pseudo-code of the algorithm is as 

follows: 

Table 4.1 Notations for the utility-maximization algorithm 

B  the total available bandwidth to be allocated 
availb  the current available bandwidth to be allocated 
cur
ib  the current bandwidth allocation of the -thi  call 
cur
iu  the current achieved utility of the -thi  call 
next
ib  the next possible bandwidth allocation of the -thi  call 
next
iu  the next possible achieved utility of the -thi  call 
temp
ib  the temporary bandwidth allocation of the -thi  call 
temp
iu  the temporary achieved utility of the -thi  call 
req
ib  the required bandwidth for upgrading the current bandwidth allocation 

of the -thi  call to its next higher bandwidth level 
, maxreqb  the maximum req

ib  among all calls, i.e. , max max{ }req req
ib b=  (1 )i n≤ ≤  

cur
ir  the current utility generation ratio of the -thi  call 
temp

ir  the temporary utility generation ratio of the -thi  call 
max

ir  the maximum utility generation ratio of the -thi  call 

 

Utility-maximization algorithm: 

(1) availb B=  
      for each call-i  

    initialize cur
ib , cur

iu , next
ib , next

iu , temp
ib  and temp

iu  to be at the first level 
    1req cur cur

i i ib b b+= −  
    1( ) /cur cur cur req

i i i ir u u b+= −  
    0temp

ir =  
    max 0ir =  

(2) for each call-i  
         while ( )iKtemp

i ib b<  
   1temp temp

i ib b +=  
    ( ) /( )temp temp cur temp cur

i i i i ir u u b b= − −  
         if max( )temp

i ir r>  
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            next temp
i ib b=  

            max temp
i ir r=  

(3) among all calls find the largest req
ib  denoted by , maxreqb  

      if , max( )avail reqb b≤  
        among all calls with req avail

ib b≥  find the call with the highest cur
ir  denoted  

        by call-k  
      cur cur avail

k kb b b= +  
        return cur

ib  as the bandwidth allocation for each call 
(4) among all calls find the call with the largest max

ir  denoted by call-j  
      if ( ( ))≥ −avail next cur

j jb b b  

    ( )avail avail next cur
j jb b b b= − −  

    cur next
j jb b=  

    temp next
j jb b=  

    0temp
jr =  

    max 0jr =  

    if ( )jKcur
j jb b<  

       1req cur cur
j j jb b b+= −  

       1( ) /cur cur cur req
j j j jr u u b+= −  

    else 
       0req

jb =  

       0cur
jr =  

         else 
     cur cur avail

j jb b b= +  

     return cur
ib  as the bandwidth allocation for each call 

(5) for call-j  found in Step (4) 
         while ( )jKtemp

j jb b<  

       1temp temp
j jb b +=  

       ( ) /( )temp temp cur temp cur
j j j j jr u u b b= − −  

         if max( )temp
j jr r>  

            next temp
j jb b=  

            max temp
j jr r=  

(6) Go to Step (3) 
 

In Step (1), for each call the algorithm initializes its associated variables and 

calculates the required bandwidth for upgrading the call to the next higher 

bandwidth level req
ib  and the current utility generation ratio cur

ir . 
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In Step (2), for each call the algorithm increases its temporary bandwidth 

allocation temp
ib  by one level and then calculates its temporary utility generation 

ratio temp
ir . If temp

ir  is greater than the maximum utility generation ratio max
ir  the 

algorithm upgrades its next possible bandwidth allocation next
ib  to temp

ib  and assigns 

temp
ir  to max

ir . The above process is repeated until every node of the branch has been 

investigated and the node with the maximum utility generation ratio is the next 

possible bandwidth allocation node of the corresponding call. 

Step (3) checks if the current available bandwidth availb  is less than or equal to 

the maximum required bandwidth , maxreqb . If the answer is yes, then availb  is 

allocated to the call with the highest current utility generation ratio cur
ir  among all 

calls with req avail
ib b≥ , and the algorithm terminates; otherwise, the algorithm 

proceeds to Step (4). 

In Step (4), the algorithm keeps track of the maximum utility generation ratio 
max

ir  of each call. It finds the call with the highest max
ir  denoted as call-j . If there is 

enough bandwidth available the algorithm upgrades its current bandwidth allocation 
cur
jb  and temporary bandwidth allocation temp

jb  to its next possible bandwidth 

allocation next
jb ; otherwise, the current available bandwidth availb  is allocated to 

call-j  and the algorithm terminates. 

Subsequently, for call-j  it has the same current and next possible bandwidth 

allocation. Therefore, in Step (5) the algorithm updates its next possible bandwidth 

allocation using the same approach as described in Step (2). 

After finding the new next possible bandwidth allocation for call-j , the 

algorithm goes back to Step (3) to execute the above procedure repeatedly until it 

terminates due to insufficient bandwidth (it is assumed that the total available 

bandwidth B  cannot satisfy the maximum bandwidth requirements of all calls). 
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4.5 CAC and Bandwidth Reservation 

To provide QoS guarantees for multimedia traffic in wireless networks, the stand 

alone usage of the utility-maximization bandwidth adaptation algorithm is not 

enough, two supplementary bandwidth management functionalities, i.e. CAC and 

bandwidth reservation, need to be incorporated into the proposed bandwidth 

adaptation scheme [NAS04]. 

With CAC policy, when a new call requests admission into the network, the cell 

first attempts to allocate the maximum bandwidth requirement to the new call. If 

there is enough bandwidth available in the cell, the CAC accepts the new call by 

assigning it the maximum bandwidth requirement. If there is not enough 

bandwidth, the bandwidth adaptation algorithm is invoked to free some bandwidth 

from the existing ongoing calls. After bandwidth adaptation if the sum of the 

available bandwidth in the cell plus the freed bandwidth according to the bandwidth 

adaptation algorithm is greater than or equal to the desired bandwidth requirement3 

of the new call, the new call is admitted; otherwise, the new call is blocked. 

The objective of CAC is to admit new calls and handoff calls as much as 

possible under the guidance of utility-maximization bandwidth adaptation 

algorithm. But new calls and handoff calls are competing for the usage of the finite 

network bandwidth. It is well known and obvious that, from the end-users’ 

perspective, the dropping of a handoff call during its service session is much more 

unbearable than the blocking of a new call at its beginning. Based on this fact, some 

bandwidth can be reserved for handoff calls to reduce their dropping probability. 

However, bandwidth reservation should be used carefully since it may decrease the 

bandwidth utilization of the network. The proposed bandwidth reservation policies 

differentiate between Class I (real-time) and Class II (non-real-time) traffic. A 

certain amount of bandwidth is reserved exclusively for Class I traffic because real-

time traffic would suffer an actual loss by being dropped. The reserved bandwidth 

is not available to Class II traffic because it is assumed that a Class II call, although 

                                                 

3 The desired bandwidth requirement of the call will be introduced later in the simulation traffic 
model. 
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inconvenienced by being dropped, would be able to resume its transmission at a 

later time without any significant loss due to its elastic characteristics. 

When a handoff call requests admission into the network, the cell first attempts 

to allocate the maximum bandwidth requirement to the handoff call. If there is 

enough bandwidth available in the cell, the CAC accepts the handoff call by 

assigning it the maximum bandwidth requirement. If there in not enough 

bandwidth, the bandwidth adaptation algorithm is invoked to free some bandwidth 

from the existing ongoing calls. After bandwidth adaptation, the CAC checks the 

traffic class that the handoff call belongs to. If the handoff call belongs to traffic 

Class I and the sum of the available bandwidth in the cell plus the freed bandwidth 

according to the bandwidth adaptation algorithm plus the available reserved 

bandwidth is greater than or equal to the minimum bandwidth requirement of the 

handoff call, the handoff call is admitted; otherwise, the handoff call is dropped. If 

the handoff call belongs to traffic Class II, it is accepted as long as there is some 

bandwidth available after bandwidth adaptation; it will only be dropped when there 

is no bandwidth available at all. 

Note that to give higher priority to handoff calls over new calls the CAC admits 

new calls more strictly than handoff calls. A new call is only accepted when its 

desired bandwidth requirement can be met whereas a handoff call is accepted as 

long as its minimum bandwidth requirement can be provided. 

After a call is completed or handed off from a current cell to another, if the call 

is a new call when admitted into the current cell, its released bandwidth is utilized 

to upgrade other ongoing calls or saved for future usage depending on whether 

there are any ongoing calls served with bandwidth less than the maximum 

bandwidth requirements. If the call is a handoff call when admitted into the current 

cell, its released reserved bandwidth (if there is any) is returned to the reserved 

bandwidth pool for future incoming handoff calls and its released cell bandwidth (if 

there is any) is used to upgrade other ongoing calls or saved for future usage 

depending on whether there are any ongoing calls served with bandwidth less than 

the maximum bandwidth requirements. 
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The pseudo-code for handling call arrivals and departures is described as follows 

and the notations can be found in Table 4.2. 

Table 4.2 Notations for handling call arrivals and departures 

_avail cellb  the current available cell bandwidth to be allocated 
_avail reservedb  the current available reserved bandwidth to be allocated 

minb  the minimum bandwidth requirement of the call 
maxb  the maximum bandwidth requirement of the call 
desiredb  the desired bandwidth requirement of the call 
degradesb  the freed bandwidth after performing bandwidth degrades 
upgradesb  the consumed bandwidth after performing bandwidth upgrades 

_released cellb  the released cell bandwidth after a call is terminated due to its 
completion or outgoing handoff 

_released reservedb  the released reserved bandwidth after a call is terminated due to 
its completion or outgoing handoff 

 

Algorithm for handling call arrivals and departures: 

New call arrival: 

   if _ max( )avail cellb b≥  
      assign maxb  to the new call; 
      _ _ maxavail cell avail cellb b b= − ; 
   else 
      perform bandwidth degrades; 
      if _ desired( )avail cell degradesb b b+ ≥  
         assign _( )avail cell degradesb b+  to the new call; 
         _ 0avail cellb = ; 
      else 
         reject the new call; 

Handoff call arrival: 

   if _ max( )avail cellb b≥  
      assign maxb  to the handoff call; 
      _ _ maxavail cell avail cellb b b= − ; 
   else 
      perform bandwidth degrades; 
      if (is Class I call) 
         if _ min( )avail cell degradesb b b+ ≥  
            assign _( )avail cell degradesb b+  to the handoff call; 
            _ 0avail cellb = ; 
         else 
            if _ _ min( )avail cell degrades avail reservedb b b b+ + ≥  
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               assign minb  to the handoff call; 
               _ 0avail cellb = ; 
               _ _ min _( ( ))avail reserved avail reserved avail cell degradesb b b b b= − − + ; 
            else 
               reject the handoff call; 
      else // is Class II call 
         if _( 0)avail cell degradesb b+ >  
            assign _( )avail cell degradesb b+  to the handoff call; 
            _ 0avail cellb = ; 
         else 
            reject the handoff call; 

Call departures: 

   if (is new call when admitted) 
      if (every call has received maxb ) 
         _ _ _= +avail cell avail cell released cellb b b ; 
      else 
         perform bandwidth upgrades; 
         _ _ _avail cell avail cell released cell upgradesb b b b= + − ; 
   else // is handoff call when admitted 
      _ _ _avail reserved avail reserved released reservedb b b= + ; 
      if (every call has received maxb ) 
         _ _ _avail cell avail cell released cellb b b= + ; 
      else 
         perform bandwidth upgrades; 
         _ _ _avail cell avail cell released cell upgradesb b b b= + − ; 

4.6 Simulation Modelling 

To evaluate the performance of the proposed utility-maximization bandwidth 

adaptation scheme, a multimedia wireless network simulation model has been 

developed. 

4.6.1 Network Model 

The simulated network consists of 36 (6×6) hexagonal cells. The diameter of 

each cell is 1 km and each cell has a total bandwidth capacity of 30 Mbps. The 

layout of the simulation network is shown in Figure 4.4. To avoid the edge effect of 

the finite network size, wrap-around is applied to the edge cells so that each cell has 

six neighbouring cells. 



 51

0 1 2 3 4 5

6 7 8 9 10 11

12 13 14 15 16 17

18 19 20 21 22 23

24 25 26 27 28 29

30 31 32 33 34 35

 

Figure 4.4 The layout of the wireless network model 

4.6.2 Traffic Model 

Six representative groups of multimedia traffic belonging to the two traffic 

classes, i.e. real-time traffic (Class I) and non-real-time traffic (Class II), are 

considered in the simulation. They are typical traffic seen in multimedia wireless 

networks and similar traffic have been used by previous work [AHN03] [CHA06] 

[CUR05] [ELK02] [OLI98]. Each group of traffic is associated with a utility 

function and all calls belonging to the same traffic group are assumed to have the 

same bandwidth requirements and utility function. The exact characteristics of the 

traffic are shown in Table 4.3. To allow the fair comparison between the proposed 

bandwidth adaptation scheme and RBBS, the minimum/maximum bandwidth 

requirements and average connection duration of all traffic groups are taken directly 

from [ELK02]. Traffic groups 0 and 1 belong to hard real-time traffic, according to 

the utility functions formulation in Chapter 3 their utility functions is determined 

from minb  and maxu , where max 1u = . Traffic group 2 belongs to adaptive real-time 

traffic, the two parameters 1k  and 2k  of its utility function are calculated from intrb , 

maxb  and maxu , where intrb  is set to be 1.5 and maxu  is set to be 0.99. Traffic groups 

3, 4 and 5 belong to non-real-time traffic and the parameter k  of their utility 

functions are derived from maxb  and maxu , where maxu  is also set to be 0.99. In fact, 
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for traffic groups 2 to 5, maxu  can be chosen to be any value very close to 1 

according to the preference of network operators and/or end-users without major 

difference to the performance results. For each traffic group, the desired bandwidth 

requirement desiredb  is defined as the bandwidth which enables its utility function to 

receive half of maxu . Since traffic groups 0 and 1 are hard real-time traffic, their 

desired bandwidth requirements are equal to their maximum bandwidth 

requirements. 

Table 4.3 Traffic characteristics for the simulation 

App. 
Group 

Traffic 
Class 

Bandwidth 
Requirement 

(Mbps) 

Average 
Connection 

Duration 

Example Utility 
Function 

( b  is Mbps) 
0 I 

(Hard Real-
Time) 

min 0.03b =  
desired 0.03b =  

3 minutes Voice Service & 
Audio Phone 

1, 0.03
0, 0.03

b
b
≥

 <
 

max 1u =  
 

1 I 
(Hard Real-

Time) 

min 0.25b =  
desired 0.25b =  

5 minutes Video Phone & 
Video Conference 

1, 0.25
0, 0.25

b
b
≥

 <
 

max 1u =  
 

2 I 
(Adaptive 

Real-Time) 

min 1b =  
intr 1.5b =  
desired 2b =  

max 6b =  
 

10 minutes Interact. 
Multimedia & 

Video on Demand 

21.8
8.31

b
be

−
+−  

max 0.99u =  

3 II 
(Non-Real-

Time) 

min 0b =  
desired 0.003b =

max 0.02b =  
 

30 seconds E-mail, Paging & 
Fax 

4.6
0.021

b

e
−

−  
max 0.99u =  

4 II 
(Non-Real-

Time) 

min 0b =  
desired 0.1b =  
max 0.5b =  

 

3 minutes Remote Login & 
Data on Demand 

4.6
0.51

b

e
−

−  
max 0.99u =  

5 II 
(Non-Real-

Time) 

min 0b =  
desired 1.5b =  

max 10b =  

2 minutes File Transfer & 
Retrieval Service 

4.6
101

b

e
−

−  
max 0.99u =  

 

The traffic is generated in the following way. New call arrivals of group-i  

( 1, 2, , 6)= …i  traffic are assumed to follow Poisson distribution with mean rate 
new
iλ  and all six groups of traffic are generated with equal probability, i.e. 
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1 2 6
new new newλ λ λ= = = . Handoff call arrivals of group-i  traffic are assumed to be 

proportional to the new call arrivals by handoff new
i iλ αλ= , where α  is set to be 0.5 in 

the experiments. The call holding time (CHT) of group-i  traffic is assumed to 

follow exponential distribution with mean 1/ iµ . It should be noted that for Class II 

traffic (groups 3, 4 and 5) the CHT is difficult to be pre-defined since it depends on 

not only the service size (e.g. transferred file size) but also the allocated bandwidth 

of the call which changes dynamically with bandwidth adaptation. For the sake of 

simplicity, like in [ELK02] and [OLI98] it is assumed that Class II calls have fixed 

duration. After a call is disconnected at the end of its service session, the service 

can be continued by a new request in the future without significant performance 

loss. For the mobility characterization, the cell residence time (CRT), i.e. the 

amount of time during which a group-i  call stays in a cell before handoff, is 

assumed to follow an exponential distribution with mean 1/ iη  [NAS07] [YEU96]. 

4.6.3 Simulator 

The simulator employs discrete-event simulation to model the traffic and its 

management in wireless networks. A discrete-event simulation is one in which the 

state of the model changes at only a discrete set of simulated time points. With 

discrete event simulation a real network system is decomposed into a set of separate 

components. The fundamental element of the simulation is event and the operation 

of the system is represented as a chronological sequence of events. Each event is 

assigned a time stamp and takes place on a specific component. The result of this 

event can be a message passed to one or more other components. On arrival at the 

other components, the content of the message may result in the generation of new 

events to be processed at some future logical time. The simulator mainly consists of 

three components: MT, traffic manager and network resource manager. 

4.6.3.1   MT 

MTs are the entities responsible for generating traffic events. A MT is able to 

generate four types of events that constitute the traffic of the simulator. 

• NEW_CALL_REQUEST: the request to connect a new call; 
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• HANDOFF_CALL_REQUEST: the request to connect a handoff call; 

• INFORM_HANDOFF: an inform-type message that an ongoing call is 

handed off from its current cell; 

• INFORM_COMPLETION: an inform-type message that an ongoing call is 

completed. 

The NEW_CALL_REQUEST and HANDOFF_CALL_REQUEST events carry 

the traffic characteristics of the call, i.e. its traffic group/class, bandwidth 

requirements and utility function. 

4.6.3.2   Traffic Manager 

The role of the traffic manager is to handle the traffic events generated by the 

MTs. The traffic manager is designed to work in a centralized manner and it acts as 

a gateway between all MTs and the network. The centralized approach involves 

more message overhead than the distributed one, but it has greatly simplified the 

traffic management of the simulator. Upon receiving a traffic event from the MT, 

the traffic manager tries to find a cell which covers the location where the traffic 

event is generated. If there is no coverage cell, the traffic manager replies with a 

reject event to the MT. Otherwise, the traffic manager dispatches the traffic event to 

the network resource manager of the coverage cell. After receiving the responses 

from the network resource manager, the traffic manager forwards the response to 

the MT. 

4.6.3.3   Network Resource Manager 

The network resource manager is responsible for allocating the bandwidth 

resource of the network to the calls. After receiving a NEW_CALL_REQUEST or 

HANDOFF_CALL_REQUEST event from the traffic manager, the network 

resource manager extracts the traffic characteristics from the request event and 

allocates bandwidth to the call using the embedded bandwidth allocation scheme. If 

the bandwidth allocation can satisfy the requested bandwidth of the call, the 

network resource manager connects the call by deducting the corresponding 

bandwidth from the network and replying to the traffic manager with an 

ACCEPT_NEW_CALL or ACCEPT_HANDOFF_CALL event. Otherwise, the 
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network resource manager replies the traffic manager with a 

REJECT_NEW_CALL or REJECT_HANDOFF_CALL event. After receiving an 

INFORM_HANDOFF or INFORM_COMPLETION event from the traffic 

manager, the network resource manager disconnects the ongoing call by returning 

its occupied bandwidth to the network and replying the traffic manager with an 

ACCEPT_HANDOFF or ACCEPT_ COMPLETION event. 

4.6.3.4   Call Setup Sequence 

Within the simulator the complete set up sequence of a new or handoff call 

request is described as follows: 

1. The MT generates a NEW_CALL_REQUEST or 

HANDOFF_CALL_REQUEST event and dispatches it to the traffic 

manager. 

2. The traffic manager tries to find a cell which covers the location where the 

traffic event is generated. If there is no coverage cell, the traffic manager 

replies the MT with a REJECT_NEW_CALL or 

REJECT_HANDOFF_CALL event. If the traffic manager finds a coverage 

cell, it dispatches the call request event to the network resource manager of 

the coverage cell. 

3. After receiving the call request event from the traffic manager, the network 

resource manager performs bandwidth adaptation. If the network resource 

manager can allocate enough bandwidth to the call, it connects the call and 

replies the traffic manager with an ACCEPT_NEW_CALL or 

ACCEPT_HANDOFF_CALL event. Otherwise, the network resource 

manager replies the traffic manager with a REJECT_NEW_CALL or 

REJECT_HANDOFF_CALL event. 

4. The traffic manager returns the event received from the network resource 

manager (if the call request is accepted, it is ACCEPT_NEW_CALL or 

ACCEPT_HANDOFF_CALL event; if the call request is rejected, it is 

REJECT_NEW_CALL or REJECT_HANDOFF_CALL event) and informs 
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the MT that originally generates the call request event about the acceptance 

or rejection of the call request. 

4.7 Simulation Verification and Validation 

One of the most important aspects in developing the simulation model is its 

credibility. In order to determine whether the multimedia wireless network 

simulation model developed accurately represents a real system, simulation 

verification and validation is needed. Verification determines whether the 

simulation model performs as intended and validation determines whether the 

conceptual simulation model is an accurate representation of the system under 

study. If the simulation model and its results are valid and are used as an aid in 

making decisions, then the model is said to be credible [LAW06]. 

4.7.1 Verification 

The simulation model was verified during the development of the simulator. The 

components of the simulator were debugged with the help of traces and breakpoints 

as they are written. The results from some particular states were printed out to 

check the consistency and coherency of the simulator. 

4.7.2 Validation 

A valuable approach for simulation validation is to compare the results produced 

by the simulator with the results that are predictable from a theoretical model 

typically for a special case. Here a simple threshold-based CAC scheme [BIS97] is 

implemented within the simulator because it makes the performance analysis 

tractable. The simulation model is validated by comparing the experimental results 

obtained from the simulation against the theoretical results derived from the CAC 

scheme. 

Consider the simulation model containing m  groups of calls. Assume that the 

utility function of group-i  calls is ( )i iu b , after quantization the available bandwidth 

of group-i  calls is expressed as 1 2( , , , )= … iK
i i i ib b b b , where iK  is the maximum 

bandwidth level. Let 1 2( , , , )= … mN n n n  be the system state vector, where in  
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denotes the number of ongoing group-i  calls in the cell. Let  { | ( ) }N B N CΦ = ≤  

be the set of feasible states where  ( )B N  is the total used bandwidth when the 

system is in state N , and C  is the bandwidth capacity of the cell. Let 1
iN +  be the 

state 1( , , ( 1), , )+… …i mn n n  and 1
iN −  be the state 1( , , ( 1), , )−… …i mn n n . Then the 

set 1{ | , }i iN N N +Θ = ∈Φ ≠ Φ  contains all the boundary states of group-i  calls. Let 

, 1{ | ( , , , , ), }= = = ∈Φ… …i n i mN N N n n n n N  be the set of states that the number of 

group-i  calls are fixed as n . 

Recall the traffic model introduced earlier, for group-i  calls the new call arrival 

rate new
iλ  and handoff call arrival rate handoff

iλ  follow Poisson distribution; the CHT 

and CRT follow exponential distribution with mean 1/ iµ  and 1/ iη , respectively. 

Thus the cell departure rate (the rate of call completion or outgoing handoff) of 

group-i  calls is i i iv µ η= + . The CAC algorithm works as follows. Let 

1 2( , , , )= … mT t t t  be the threshold vector for all m  groups of calls. A group-i  new 

call is accepted if the current number of group-i  ongoing calls in the cell is less 

than the threshold value it , while a group-i  handoff call is accepted regardless of 

the number of group-i  ongoing calls as long as 1 min+ ⋅ ≤iN B C , where minB  is the 

minimum bandwidth vector for all groups of calls and min 1 1 1
1 2( , , , )= … mB b b b . With 

the threshold-based CAC, the arrival rate function of group-i  calls is given by 

                                           

, 0

     ,      
         0,         otherwise

λ λ

λ λ

 + ≤ <


= ≤ ≤



new handoff
i i i i

handoff
i i i i i

n t

t n T ,                                 (4.7) 

where iT  is the maximum number of group-i  calls that a cell can support by 

allocating only a minimum bandwidth 1
ib  and it can be calculated as 1/ iC b    

[JUN05]. 

The proposed CAC belongs to coordinate-convex policy [ROS95] and the 

steady-state probability of each group of calls has product-form distribution. The 

steady state probability for state 1 2( , , , )mN n n n= …  is given as follows: 
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                                                   1

1

( ) ( )
m

i
i

N G p nπ −

=

= ∏ ,                                         (4.8) 

where G  is the normalizing constant and 

                                                     
1

( )
m

i
N i

G p n
∈Φ =

= ∑∏ ,                                             (4.9) 

and ( )ip n  is the probability intensity that there are in  number of group-i  calls in 

state N  and it is given by 

                        
/ !                      if 

( )

/ !   if 

i

i i i

nnew handoff
i i

i i i
i

i t n tnew handoff handoff
i i i

i i i
i i

n n t
v

p n

n n t
v v

λ λ

λ λ λ
−

 + ≤ 
 = 
    +

>   
   

.             (4.10) 

With the above steady-state probability the call blocking and handoff dropping 

probabilities of group-i  calls are given as follows: 

                                 
, ,

1

, ,
0

( ) ( )π π
−

= ∀ ∈Θ = ∀ ∈Φ

= +∑ ∑ ∑ ∑
i i

i n i i i n

t T

i i n i n
n N n t N

cbp N N ,                      (4.11) 

                                                     ( )
i

i
N

hdp Nπ
∀ ∈Θ

= ∑ .                                          (4.12) 

Since the minimum bandwidth requirements of calls are usually fairly small, the 

handoff dropping probability can be neglected [KWO02] and only the call blocking 

probability is considered in the validation. 

Figures 4.5 – 4.10 presents a numerical comparison of the call blocking 

probabilities obtained from the simulation experiments and the theoretical analysis 

when 1 2 6, , 10= = =…t t t . The simulation results are based on the average of 10 

one-hour simulation runs. For each simulation run, the call arrival rate, i.e. the 

average number of call requests per second in each cell of the network, is changed 

from 0.2 to 2 (calls/sec/cell). It can be observed that the values of the theoretical 

analysis and simulation experiments are very close to each other. Therefore the 

developed multimedia wireless network simulation model is considered valid. 
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Figure 4.5 Call blocking probability for traffic group 0 
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Figure 4.6 Call blocking probability for traffic group 1 
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Figure 4.7 Call blocking probability for traffic group 2 
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Figure 4.8 Call blocking probability for traffic group 3 
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Figure 4.9 Call blocking probability for traffic group 4 
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Figure 4.10 Call blocking probability for traffic group 5 

4.8 Numerical Results 

After verifying and validating the simulation model, extensive simulation 

experiments have been carried out to evaluate the performance of the proposed 

utility-maximization bandwidth adaptation scheme. The utility-maximization 

scheme is compared with a non-adaptive bandwidth allocation scheme and RBBS 

[ELK02]. In order to make objective and fair comparisons, the non-adaptive 
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scheme and RBBS is performed under the same simulation model as the proposed 

scheme. For all three schemes, 5% of the total bandwidth in each cell is reserved for 

Class I handoff calls. 

The non-adaptive scheme is simulated assuming that all calls are non-adaptive. 

A call must be allocated its maximum bandwidth to be admitted into the network 

and once accepted its bandwidth cannot be changed throughout the lifetime of the 

call. If the maximum bandwidth requirement cannot be satisfied, the call is either 

blocked or dropped depending on whether the call is a new or hand-off call. 

RBBS is a well-known adaptive bandwidth allocation scheme for providing QoS 

in multimedia wireless networks. With RBBS each call has a minimum bandwidth 

requirement minb  and a maximum bandwidth requirement maxb . The actual 

borrowable bandwidth ( )ABB  of the call is calculated as a fraction of the difference 

between the maximum and minimum bandwidth, i.e. max min( )= ⋅ −ABB f b b , where 

f  is a local parameter of the cell and it is set to be 0.5. ABB  is divided into a 

number of equal bandwidth shares /ABB λ , where λ  is also a local parameter of 

the cell and it is set to be 10. The parameters of the call are illustrated in Figure 

4.11. 

share_1

share_2

share_10

minb

maxb

max min( )= ⋅ −ABB f b b 10λ =

/ABB λ

 

Figure 4.11 The parameters of the call in RBBS [ELK02] 

A cell is said to be operating at level L  (0 )λ≤ ≤L  when all its ongoing calls 

have had L  shares of bandwidth borrowed from them. When a new call requests 

admission into the network in a cell operating at level L , the cell first attempts to 
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provide the call with an amount of bandwidth equal to its maximum bandwidth 

maxb  minus L  shares of its ABB , i.e. max

λ
− ⋅

ABBb L . If max

λ
− ⋅

ABBb L  exceeds the 

amount of bandwidth available, the cell tests to see if the call can be admitted after 

the cell progresses to level 1+L . If transition to level 1+L  can provide enough 

bandwidth to admit the call, the bandwidth is borrowed, the level is incremented, 

and the call is admitted; otherwise, the call is blocked. When the cell is operating at 

level λ=L , no more borrowing is allowed. When a Class I handoff call requests 

admission, the cell checks to see if its minimum bandwidth requirement can be met 

with the sum of the available bandwidth in the cell and the available reserved 

bandwidth. If such is the case, the call is admitted into the cell and allocated 

bandwidth up to max

λ
− ⋅

ABBb L . The call is allocated bandwidth from the reserved 

bandwidth pool only if it needs to reach its minimum bandwidth requirement. If the 

minimum bandwidth requirement cannot be met using the available bandwidth in 

the cell plus the available reserved bandwidth, the cell tests to see if scaling to level 

1+L  would free up enough bandwidth to admit the handoff call. If so, the cell 

progresses to level 1+L  and provides the handoff call with bandwidth according to 

the guidelines described above. Class II handoff calls will only be dropped if there 

is no free bandwidth in the cell at all after bandwidth borrowing and the reserved 

bandwidth pool is not available to them. When some bandwidth becomes available 

in a cell due to call completion or outgoing handoff, the cell attempts to make a 

transition to the next lower level. As a result, the available bandwidth is returned to 

the calls that have lost bandwidth due to borrowing. 

In the experiments, two traditional connection-level performance metrics 

including call blocking probability and handoff dropping probability and two 

application-level performance metrics including average cell utility and average call 

degradation ratio are used. Cell utility means the sum of the utilities of all ongoing 

calls within a cell. Average cell utility is calculated as follows: every time a 

bandwidth adaptation occurs, the achieved cell utility is re-calculated and added to 

the total accumulated cell utility. At the end of the simulation the average cell 

utility is obtained by dividing the total accumulated cell utility by the bandwidth 

adaptation frequency. Average call degradation ratio is defined as the average 
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utility degradation of all calls in the network. The utility degradation ratio of a call 

is calculated as 
max

max

u u
u

− , where maxu  and u  are the maximum achievable utility 

and the current achieved utility of the call, respectively. 

Figure 4.12 illustrates the average cell utility of the three schemes as a function 

of the call arrival rate. As expected the proposed utility-maximization scheme 

performs better than the other two schemes. For example, when the call arrival rate 

is 0.2 the proposed scheme achieves about 2 more utilities than the non-adaptive 

scheme and 1.8 more utilities than RBBS; when the call arrival rate increases to 2.0, 

the proposed scheme achieves about 11 more utilities than the non-adaptive scheme 

and 3 more utilities than RBBS. The reason behind this is that the proposed scheme 

works in the fashion to maximize the total utility of all ongoing calls every time the 

bandwidth adaptation happens whereas the other two schemes do not. 
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Figure 4.12 Average cell utility 

Figure 4.13 shows the combined traffic (Class I and Class II) call blocking 

probability of the three schemes. It can be observed that compared to the other two 

schemes the proposed scheme allows an obvious improvement in the blocking ratio. 

In other words, it can serve many more new calls than the other two schemes. The 

high blocking probability of the non-adaptive scheme is caused by the strict 

bandwidth requirements of new calls (a new call can only be admitted into the 

network if its maximum bandwidth requirement can be satisfied). The proposed 
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scheme outperforms RBBS mainly because with RBBS for each call at most half of 

its adaptive bandwidth, i.e. max min0.5 ( )b b× − , is degradable and every time the 

bandwidth adaptation happens only one share of the adaptive bandwidth, i.e. 
max min( )0.5

10
b b−

× , can be borrowed from each call; while the proposed scheme 

does not have such restriction on bandwidth degradation. At the call arrival rate of 

0.2, the blocking ratio of the proposed scheme is significantly lower (about 16%) 

than that of RBBS and the advantage becomes weaker when the call arrival rate 

increases. The underlying reason is that RBBS maintains an operating bandwidth 

level L  among ongoing calls and a new call request can only be accepted if the 

available bandwidth can bring it to the same operating level as other ongoing calls. 

At light traffic load, the operating bandwidth level is low making the new call 

admission threshold high since the ongoing calls are only degraded moderately. 

Therefore new calls are more likely to be rejected due to insufficient bandwidth. 

When the traffic load increases the operating bandwidth level becomes higher 

making the new call admission threshold lower, and thus new calls are more easily 

to be admitted. 
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Figure 4.13 Call blocking probability for combined traffic 

Figure 4.14 demonstrates the combined traffic handoff dropping probability 

comparison of the three schemes. Again, the non-adaptive scheme has the worst 
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performance due to its non-adaptive characteristics. Although the handoff dropping 

ratio of the proposed scheme is higher than that of RBBS, it is kept to an acceptable 

level at both moderate and heavy traffic loads. 
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Figure 4.14 Handoff dropping probability for combined traffic 

To investigate the effect of bandwidth reservation on reducing the dropping of 

handoff calls, Figures 4.15 and 4.16 depict the handoff dropping probabilities of 

Class I and Class II traffic, respectively. For Class I handoff calls, the dropping 

ratio of both the proposed scheme and RBBS is quite low (lower than that of the 

non-adaptive scheme) because these two schemes not only degrade ongoing calls to 

free bandwidth for handoff calls under network congestion but also give Class I 

handoff calls the exclusive use of reserved bandwidth to protect them from being 

dropped. In terms of Class II handoff calls, the non-adaptive scheme still features 

the highest dropping ratio. The dropping probabilities of both the proposed scheme 

and RBBS have been reduced to a negligible level even without access to the 

reserved bandwidth pool. This is mainly due to the fact that Class II handoff calls 

do not have minimum bandwidth requirements and can be accepted as long as there 

is some free bandwidth available in the network. But the proposed scheme and 

RBBS cannot reduce the handoff dropping of Class II calls to zero since with both 

schemes when the network is highly overloaded bandwidth adaptation may not free 

any bandwidth for the handoff call at all. 
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Figure 4.15 Handoff dropping probability for traffic Class I 
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Figure 4.16 Handoff dropping probability for traffic Class II 

Figure 4.17 compares the average call degradation ratio. The degradation ratio 

of the non-adaptive scheme is zero at all call arrival rates since the calls cannot be 

degraded with the non-adaptive scheme. The average call degradation ratio of the 

proposed scheme is much lower than that of RBBS. This indicates that the proposed 

scheme not only achieves high average cell utility, and low call blocking and 

handoff dropping probabilities but also provides good service qualities to end-users. 
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Figure 4.17 Average call degradation ratio 

Figure 4.18 shows the values of bandwidth utilization for the three schemes 

under various traffic loads. Bandwidth utilization is the percentage of the total 

bandwidth actually being used by all calls in a cell. The results show that for all 

schemes the bandwidth utilization becomes higher as the call arrival rate increases 

and the proposed scheme features better performance than the other two schemes. 

At 0.2 call arrival rate, the proposed scheme shows the bandwidth utilization that is 

about 23% higher than the non-adaptive scheme and 19% higher than RBBS; when 

the call arrival rate increases to 2.0, the bandwidth utilization of the proposed 

scheme nearly reaches 100%, while the non-adaptive scheme wastes about 12% of 

the total bandwidth and RBBS wastes about 7% of the total bandwidth. The 

proposed scheme utilizes bandwidth more efficiently than RBBS because to 

maintain the operating bandwidth level RBBS may waste the bandwidth resource 

when there is free bandwidth but the available bandwidth cannot bring the new call 

to the operating bandwidth level of the cell. 
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Figure 4.18 Bandwidth utilization 

4.9 Summary 

This chapter presents an integrated utility-maximization bandwidth adaptation 

scheme for QoS provisioning in multimedia wireless networks. With the proposed 

scheme each call in the network is assigned a utility function according to its 

adaptive characteristics. When there are bandwidth fluctuations the allocated 

bandwidth of ongoing calls can be adapted dynamically to maximize the total utility 

of the network. After giving the mathematical formulation for the bandwidth 

adaptation procedure, an efficient search tree based algorithm is described to solve 

the utility-maximization problem. The scheme also incorporates CAC and 

bandwidth reservation to provide QoS guarantees to the new and handoff calls. 

Simulation experiments have been carried out to highlight the performance of the 

proposed bandwidth adaptation scheme compared to that of a non-adaptive scheme 

and RBBS. Numerical results show that the proposed scheme achieves higher 

utility than the other two schemes while keeping the call blocking and handoff 

dropping probability low. 
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Chapter 5 Utility-Fair Bandwidth Adaptation 

5.1 Introduction 

The simulation results presented in Chapter 4 demonstrate that the utility-

maximization bandwidth adaptation scheme is very effective in satisfying the QoS 

requirements of network operators. However, as tradeoffs it has ignored the fair 

treatment of end-users. For example, with utility-maximization bandwidth 

adaptation, in order to produce higher network utility, particular users could receive 

excellent applications qualities while others may be poorly served. Realizing such 

limitation, this chapter explores the bandwidth adaptation which aims to achieve 

utility fairness among end-users. The utility-fair bandwidth adaptation in the 

network with only adaptive traffic is easy to manage by simply distributing the 

utilities to all calls in a fair manner, while in the network containing multimedia 

traffic it becomes complicated since it needs to differentiate multimedia traffic 

according to their adaptive characteristics. This chapter investigates utility-fair 

bandwidth adaptation for multimedia traffic with different QoS requirements. 

The remainder of the chapter is organized as follows. Section 5.2 reviews the 

related work on max-min fair bandwidth allocation in both wireline and wireless 

networks. Section 5.3 presents the definition of utility fairness in this thesis. Section 

5.4 describes and formulates the utility-fair bandwidth adaptation problem. Section 

5.5 presents the utility-fair bandwidth adaptation algorithm. Section 5.6 introduces 

the CAC and bandwidth reservation mechanisms which are used together with the 

utility-fair algorithm. Section 5.7 is devoted to performance evaluation of the 

proposed utility-fair bandwidth adaptation scheme. Finally, Section 5.8 summarizes 

the chapter. 

5.2 Related Work 

Regarding the adaptive bandwidth allocation in communication networks, there 

are several definitions about fairness, among which the max-min fairness criterion 

is one of the most popular. Max-min fairness has been specified by the 
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asynchronous transfer mode (ATM) forum as a major goal of the flow control 

algorithms in available bit rate (ABR) services. Reference [BER92] describes a 

formal definition of bandwidth max-min fairness and proposes a flow control 

algorithm for computing max-min fair bandwidth allocation in ATM networks. 

Similar work can also be found in [CHO01], where a scalable and stable bandwidth 

max-min flow control algorithm is presented for ATM networks with elastic 

services. In [HOU98], the authors generalize the max-min rate allocation with the 

support of the minimum and peak rate requirements for each connection in ATM 

networks. A distributed protocol is developed to achieve the generalized bandwidth 

max-min fairness among the ABR flows. The work in [MAL03] presents a 

bandwidth max-min fair scheme for wireless networks that support multimedia 

services. When the network is congested, the bandwidth can be degraded from 

ongoing calls based on the bandwidth max-min fairness criterion to accept the new 

or handoff call. 

All above schemes deal with the max-min fairness from the perspective of 

bandwidth. Cao and Zegura are the first to extend the notion of bandwidth max-min 

fairness to utility max-min fairness. In their work [CAO99], they provide a 

distributed and stable switch algorithm that computes the utility max-min fair 

bandwidth allocation for ABR service in ATM networks. The scheme can cope 

with a wide diversity of applications featuring different shapes of utility functions. 

Another work on utility max-min fair bandwidth allocation for wireline networks is 

found in [CHO05], where the authors presents a distributed flow control algorithm 

to achieve utility max-min fairness for elastic and non-elastic flows in multiple 

bottleneck networks with guaranteed stability. 

Utility max-min fair bandwidth allocation has also been applied to wireless 

networks. For example, reference [LIA01] introduces the design and evaluation of a 

utility-based bandwidth adaptation framework for wireless packet access networks. 

Within the framework, a utility max-min fair algorithm is proposed to find the 

bandwidth allocation for the utility functions of adaptive multimedia traffic. 

However, like [FEI06] and [KWO02], the scheme only works with adaptive 

multimedia traffic thus it is not clear how to handle the traffic with non-adaptive 

characteristics, i.e. hard real-time traffic. Moreover, the scheme mainly focuses on 
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the bandwidth adaptation for ongoing calls and ignores the QoS support for new 

and handoff calls. 

Based on the concept of bandwidth max-min fairness, this chapter defines 

utility-fair bandwidth allocation and proposes an integrated utility-fair bandwidth 

adaptation scheme for multimedia wireless networks containing both adaptive and 

non-adaptive traffic. With the proposed scheme, a CAC policy is used to provide 

QoS guarantees for new calls, a lightweight utility-fair bandwidth adaptation 

algorithm is presented for ongoing calls, and a bandwidth reservation mechanism is 

applied to reduce the dropping of handoff calls. 

5.3 The Definition of Utility Fairness 

This section presents the definition of utility fairness by starting with the 

introduction of utility max-min fairness in wireline networks with multiple links. A 

typical wireline network contains a set of links and flows. Denote the set of all links 

as L , and the bandwidth capacity of each link l  as lB ; the set of all flows as N , 

and the minimum bandwidth requirement of each flow i  as min
ib . A number of 

flows compete for the access to the network. Figure 5.1 shows an example wireline 

network with multiple links and competing flows. 
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Figure 5.1 An example wireline network with multiple links and flows [BER92] 
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Definition 5.1 A bandwidth allocation vector 1 2( , , , )nb b b b= …  of n  flows in 

the network is said to be feasible if for each flow i N∈ , min
i ib b≥  and for each link 

l , 
passing link i li l

b B
∀

≤∑ . 

Definition 5.2 A bandwidth allocation vector 1 2( , , , )nb b b b= …  is said to be 

utility max-min fair if it is feasible and for each flow i N∈ , its utility ( )i iu b  cannot 

be increased while maintaining feasibility without decreasing the utility ( )j ju b  for 

some flow j  which satisfies ( ) ( )j j i iu b u b≤ . 

The definition of utility max-min fairness is similar to that of bandwidth max-

min fairness in [BER92], except that the bandwidth values are substituted by the 

corresponding utility values. 

The above utility max-min fairness definition is for wireline networks with 

multiple links. The essence of utility max-min fairness is to allocate bandwidth such 

that the utilities are distributed as equally as possible amongst all flows at each 

transmission link subject to the link capacity constraint. In wireless networks 

bandwidth adaptation is performed based on each individual cell rather than the 

whole network; therefore the utility max-min fair only needs to be considered with 

respect to single link rather than multiple links. In this thesis, the utility max-min 

fair in each cell of wireless networks is referred as utility-fair and its essential 

element is to compute the bandwidth allocation that results in equal utilities for all 

calls in each cell of the networks. 

Definition 5.3 Consider a cell in wireless networks and denote the set of all calls 

in the cell as N . A bandwidth allocation vector 1 2( , , , )nb b b b= …  is said to be 

utility-fair if for any two calls ,i j N∈ , the bandwidth allocation satisfies 

( ) ( )i i j ju b u b= . 

With the availability of utility-fair definition in wireless networks, the rest of 

this chapter will formulate the utility-fair bandwidth adaptation problem and 

propose the utility-fair bandwidth adaptation algorithm, CAC and bandwidth 

reservation mechanisms. 
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5.4 Problem Formulation 

5.4.1 Bandwidth Degrades 

Consider a saturated cell containing n  adaptive ongoing calls, when a new or 

handoff call arrives the allocated bandwidth of ongoing calls can be degraded to 

smaller values to accommodate the new or handoff call. Denote the utility function 

of the -thi  ongoing call as ( )i iu b  (1 )≤ ≤i n  and its current allocated bandwidth as 

iβ , thus the degradable utility function of the -thi  ongoing call can be written as  

( ) ( )β↓ ↓ ↓= −i i i i iu b u b  min(0 )i i ib bβ↓≤ ≤ − , where ib↓  and min
ib  are the bandwidth 

degrades and the minimum bandwidth requirement of the call, respectively. 

Assume the new or handoff call is adaptive and denote its utility function as 

1 1( )n nu b+ + . The objective of bandwidth degrades is to find the bandwidth degrades 

profile { }ib↓  for the n  ongoing calls and the bandwidth allocation 1nb +  for the new 

or handoff call such that all calls receive equal utilities, i.e. 

                     enable  1 1 ,    1 , ,β β↓ ↓
+ +− = − = ≤ ∀ ≤i i i j j j n nu b u b u b i j n( ) ( ) ( )          (5.1) 

                     subject to  min0 i i ib bβ↓≤ ≤ − ,                                                           (5.2) 

                                      1
1

( )β ↓
+

=

 
− + ≤ 

 
∑

n

i i n
i

b b B .                                                (5.3) 

where B  is the total available bandwidth for adaptive calls. 

5.4.2 Bandwidth Upgrades 

Assume that in an overloaded cell when a call is completed or handed off to 

another cell, there are n  adaptive ongoing calls that have not received their 

maximum bandwidth requirements. The released bandwidth from the completed or 

outgoing handoff call (denoted by β ) can be used to upgrade these ongoing calls to 

enhance their qualities and increase network bandwidth utilization. Again, denote 

the utility function of the -thi  ongoing call as ( )i iu b  (1 )i n≤ ≤  and its current 

allocated bandwidth as iβ , thus the upgradable utility function of the -thi  ongoing 
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call can be written as ( ) ( )i i i i iu b u bβ↑ ↑ ↑= + max(0 )i i ib b β↑≤ ≤ − , where ib↑  and max
ib  

are the bandwidth upgrades and the maximum bandwidth requirement of the call, 

respectively. The objective of bandwidth upgrades is to find the bandwidth 

upgrades profile { }ib↑  for the n  ongoing calls such that all calls receive equal 

utilities, i.e. 

                     enable  ,    1 ,i i i j j ju b u b i j nβ β↑ ↑+ = + ≤ ∀ ≤( ) ( ) ,                             (5.4) 

                     subject to  max0 i i ib b β↑≤ ≤ − ,                                                           (5.5) 

                                      
1

n

i
i

b β↑

=

≤∑ .                                                                       (5.6) 

5.5 The Proposed Utility-Fair Algorithm 

The core computation of utility-fair bandwidth adaptation is to find the 

bandwidth allocation that result in equal utilities for n  utility functions subject to 

bandwidth constraints. To simplify the computation utility functions are quantized 

into linear piecewise functions using equal utility interval u∆ . After quantization 

utility function ( )i iu b  becomes 1 1 2 2( , , , , , , )i iK K
i i i i i ib u b u b u< > < > < >… , where iK  is 

the maximum <bandwidth, utility> level. 

For linear piecewise utility function ( )i iu b , its bandwidth allocation is either 

located on line segments ik
il  between two contiguous discontinuity <bandwidth, 

utility> points ,i ik k
i ib u< >  and 1 1,i ik k

i ib u+ +< > , or exactly on one discontinuity 

<bandwidth, utility> point ,i ik k
i ib u< > . Thus two parameters ik

ib  and 1ik
ib +  can be 

used to describe the approximate bandwidth allocation position of utility function 

( )i iu b . When the allocated bandwidth is located exactly on the discontinuity 

<bandwidth, utility> point only one parameter ik
ib  is needed. Since utility functions 

are quantized using equal utility interval, it is obvious that when all linear piecewise 

functions receive equal utilities 1 2 , , nk k k k= = =… . 
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To find the utility-fair bandwidth allocation vector 1 2( , , , )nb b b…  for the n  

linear piecewise utility functions, the bandwidth adaptation algorithm first locates 

the approximate bandwidth allocation position for each utility function by searching 

its utility value between 1
iu  and iK

iu . The search starts from the first utility level 1
iu  

and increases the utility by one level in each step. It ends when k  is found for each 

utility function, i.e. 1

1 1

n n
k k
i i

i i
b B b +

= =

≤ <∑ ∑ . If 
1

n
k
i

i
b B

=

=∑ , the utility-fair bandwidth 

allocation ib  of utility function ( )i iu b  is exactly located on discontinuity point 

,k k
i ib u< >  and k

i ib b= . If 1

1 1

n n
k k
i i

i i
b B b +

= =

< <∑ ∑ , the utility-fair bandwidth allocation 

ib  is located on line segment k
il  between points ,k k

i ib u< >  and 1 1,k k
i ib u+ +< > . When 

all utility functions receive equal utilities, their achieved utilities on line segment k
il  

are equal to each other, thus there is the following equation: 

                              1 1 1 2 2 2( ) ( ) ( )k k k k k k
n n nb b s b b s b b s− × = − × = = − ×                      (5.7) 

where k
is  is the slope of line segment k

il  and 1
k
i k k

i i

us
b b+

∆
=

−
. 

From Equation (5.7), 2b  to nb  can be derived as follows: 

                                                

1
2 1 1 2

2

1
1 1

( )

( )

k
k k

k

k
k k

n nk
n

sb b b b
s

sb b b b
s


= − × +




 = − × +


                                         (5.8) 

Because 1 2 nb b b B+ + + = , 1b  can be calculated using the following equation: 

                      1 1
1 1 1 2 1 1

2

k k
k k k k avail

nk k
n

s sb b b b b b b b
s s

+ − × + + + − × + =(( ) ) (( ) )              (5.9) 

After calculating 1b , 2b  to nb  can then be calculated using Equation (5.8). 
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Figure 5.2 shows a simple example of finding the utility-fair bandwidth 

allocation for two utility functions. 
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Figure 5.2 Finding the utility-fair bandwidth allocation for two utility functions 

5.6 CAC and Bandwidth Reservation 

Similar to the utility-maximization bandwidth adaptation, CAC and bandwidth 

reservation have also been integrated into the utility-fair bandwidth adaptation 

scheme to provide QoS guarantees to new and handoff calls. However, since the 

objective of utility-fair bandwidth adaptation is to achieve utility fairness among 

adaptive calls during the process of bandwidth adaptation, the CAC policy is 

different from that of the utility-maximization bandwidth adaptation scheme. 

When a new call requests admission into the network, the cell first attempts to 

allocate the maximum bandwidth requirement to the call. If there is enough 

bandwidth available in the cell, the CAC accepts the new call by assigning it the 

maximum bandwidth requirement. If there is not enough bandwidth, the bandwidth 

adaptation algorithm is invoked to free some bandwidth from the existing ongoing 

calls. After bandwidth adaptation if the sum of the available bandwidth in the cell 

plus the freed bandwidth according to the bandwidth adaptation algorithm is not 

less than the utility-fair bandwidth requirement, and the utility-fair bandwidth 

requirement is not less than the desired bandwidth requirement of the new call, the 

new call is admitted; otherwise, the new call is blocked. 
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The bandwidth reservation policies differentiate between Class I and Class II 

traffic. A certain amount of bandwidth is reserved exclusively for Class I traffic. 

When a handoff call requests admission into the network, the cell first attempts to 

allocate the maximum bandwidth requirement to the handoff call. If there is enough 

bandwidth available in the cell, the CAC accepts the handoff call by assigning it the 

maximum bandwidth requirement. If there in not enough bandwidth, the bandwidth 

adaptation algorithm is invoked to free some bandwidth from the existing ongoing 

calls. After bandwidth adaptation, the CAC first checks the traffic class that the 

handoff call belongs to. If the handoff call belongs to traffic Class I, it is admitted if 

the sum of the available bandwidth in the cell plus the freed bandwidth according to 

the bandwidth adaptation algorithm plus the available reserved bandwidth is not 

less than the utility-fair bandwidth requirement, and the utility-fair bandwidth 

requirement is not less than the minimum bandwidth requirement of the handoff 

call; otherwise, the handoff call is dropped. If the handoff call belongs to traffic 

Class II, it cannot access the reserved bandwidth pool since it has no minimum 

bandwidth requirement. It is accepted as long as the available bandwidth in the cell 

plus the freed bandwidth according to the bandwidth adaptation algorithm is not 

less than the utility-fair bandwidth requirement of the call; otherwise, the handoff 

call is dropped. 

The utility-fair bandwidth requirement of a new or handoff call is dependent on 

its adaptive characteristics. If the new or handoff call belongs to hard real-time 

traffic, its utility-fair bandwidth requirement refers to the maximum bandwidth 

requirement of the call; if the new or handoff call belongs to adaptive real-time or 

non-real-time traffic, its utility-fair bandwidth requirement refers to the bandwidth 

requirement that enables the call to achieve the same utility as existing adaptive 

calls. 

After a call is completed or handed off from a current cell to another, if the call 

is a new call when admitted into the current cell, its released bandwidth is utilized 

to upgrade other ongoing calls or saved for future usage depending on whether 

there are any ongoing calls served with bandwidth less than the maximum 

bandwidth requirements. If the call is a handoff call when admitted into the current 

cell, its released reserved bandwidth (if there is any) is returned to the reserved 
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bandwidth pool for future incoming handoff calls and its released cell bandwidth (if 

there is any) is used to upgrade other ongoing calls or saved for future usage 

depending on whether there are any ongoing calls served with bandwidth less than 

the maximum bandwidth requirements. 

The pseudo-code for handling call arrivals and departures is described as follows 

and the notations can be found in Table 5.1. 

Table 5.1 Notations for handling call arrivals and departures 

_avail cellb  the current available cell bandwidth to be allocated 
_avail reservedb  the current available reserved bandwidth to be allocated 

minb  the minimum bandwidth requirement of the call 
maxb  the maximum bandwidth requirement of the call 
desiredb  the desired bandwidth requirement of the call 
fairb  the utility fair bandwidth requirement of the call 
degradesb  the freed bandwidth after performing bandwidth degrades 
upgradesb  the consumed bandwidth after performing bandwidth upgrades 

_released cellb  the released cell bandwidth after a call is terminated due to its 
completion or outgoing handoff 

_released reservedb  the released reserved bandwidth after a call is terminated due to 
its completion or outgoing handoff 

 

Algorithm for handling call arrivals and departures: 

New call arrival: 

   if _ max( )avail cellb b≥  
      assign maxb  to the new call; 
      _ _ maxavail cell avail cellb b b= − ; 
   else 
      perform bandwidth degrades; 
      if _ desired(( ) and ( ))avail cell degrades fair fairb b b b b+ ≥ ≥  
         assign fairb  to the new call; 
         _ _avail cell avail cell degrades fairb b b b= + − ; 
      else 
         reject the new call request; 

Handoff call arrival: 

   if _ max( )avail cellb b≥  
      assign maxb  to the handoff call; 
      _ _ maxavail cell avail cellb b b= − ; 
   else 
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      perform bandwidth degrades; 
      if (is Class I call) 
         if _ min(( ) and ( )) avail cell degrades fair fairb b b b b+ ≥ ≥  
            assign fairb  to the handoff call; 
            _ _avail cell avail cell degrades fairb b b b= + − ; 
         else 
            if _ _ min(( ) and ( ))avail cell degrades avail reserved fair fairb b b b b b+ + ≥ ≥  
               assign fairb  to the handoff call; 
               _ 0avail cellb = ; 
               _ _ _( ( ))avail reserved avail reserved fair avail cell degradesb b b b b= − − + ; 
            else 
               reject the handoff call request; 
      else // is Class II call 
         if _( )avail cell degrades fairb b b+ ≥  
            assign fairb  to the handoff call; 
            _ _avail cell avail cell degrades fairb b b b= + − ; 
         else 
            reject the handoff call request; 

Call departures: 

   if (is new call when admitted) 
      if (every call has received maxb ) 
         _ _ _avail cell avail cell released cellb b b= + ; 
      else 
         perform bandwidth upgrades; 
         _ _ _avail cell avail cell released cell upgradesb b b b= + − ; 
   else // is handoff call when admitted 
      _ _ _avail reserved avail reserved released reservedb b b= + ; 
      if (every call has received maxb ) 
         _ _ _avail cell avail cell released cellb b b= +  
      else 
         perform bandwidth upgrades; 
         _ _ _avail cell avail cell released cell upgradesb b b b= + − ; 

5.7 Simulation Results 

To evaluate the performance of the proposed utility-fair bandwidth adaptation 

scheme, it is compared with the non-adaptive scheme, RBBS and utility-

maximization scheme under the same simulation environment as presented in 

Chapter 4. In terms of performance metrics, apart from the previous used ones, a 

new application-level performance metric called utility fairness deviation is 

introduced to quantitatively measure the utility fairness of all adaptive calls in each 



 81

cell of the network. Utility fairness deviation is defined as the standard deviation of 

the actual received utility of each adaptive ongoing call from its expected fair utility 

under the current load situation of the cell, i.e. 

                                               2

1

1 ( )
1 =

= −
− ∑

n
fair

i i
i

d u u
n

                                     (5.10) 

where iu  and fair
iu  is the actual received utility and the expected fair utility of 

call-i , respectively. From the definition it is known that the higher the utility 

fairness deviation is, the more unfair the utility is distributed among all adaptive 

calls. 

In order to demonstrate the utility fairness property, Figure 5.3 plots the utility 

fairness deviation of the four schemes as a function of call arrival rate. Among all 

schemes RBBS has the highest fairness deviation and then the utility-maximization 

scheme. The fairness deviation of both the utility-fair scheme and non-adaptive 

scheme is zero as expected because with these two schemes for each ongoing call in 

the network its actual received utility equals to its expected fair utility, i.e. fair
i iu u=  

(for the non-adaptive scheme maxfair
i i iu u u= = ). The results reveal that the proposed 

utility-fair scheme performs better than RBBS and the utility-maximization scheme 

in distributing utility fairly among ongoing calls. 

Figure 5.4 evaluates the average cell utility of the four schemes. Whereas the 

emphasis of the proposed scheme is on utility fairness, it also achieves excellent 

utility. The average cell utility of the proposed scheme is higher than that of RBBS 

and very close to that of the utility-maximization scheme at the call arrival rates 

from 0.2 to 1.6. After the call arrival rate increases to 1.6, the average cell utility of 

the proposed scheme starts becoming slightly lower than that of RBBS and the 

utility-maximization scheme. At 2.0 call arrival rate, the proposed scheme achieves 

about 5 more utilities than the non-adaptive scheme, 3 less utilities than RBBS and 

5 less utilities than the utility-maximization scheme. 
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Figure 5.3 Utility fairness deviation 
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Figure 5.4 Average cell utility 

Figure 5.5 compares the combined traffic call blocking probability of the four 

schemes. The blocking probability of the proposed scheme is lower than that of the 

other three schemes at the call arrival rates from 0.2 to 1.2, and it becomes close to 

that of RBBS and the utility-maximization scheme at the call arrival rates from 1.4 

to 2.0. At the call arrival rate of 2.0, the proposed scheme accommodates about 6% 

more new calls than the non-adaptive scheme, 1% more new calls than RBBS and 

0.5% less new calls than the utility-maximization scheme. 
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Figure 5.5 Call blocking probability for combined traffic 

Figure 5.6 shows the combined traffic handoff dropping probability. The 

dropping ratio of the proposed scheme is the lowest among all schemes. With the 

proposed scheme, while satisfying utility fairness the bandwidth of all adaptive 

ongoing calls can be degraded as much as possible simultaneously to admit handoff 

calls which can be accepted with the minimum bandwidth requirements, the 

dropping ratio of the proposed scheme is reduced to nearly zero at all traffic loads. 
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Figure 5.6 Handoff dropping probability for combined traffic 
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Figure 5.7 illustrates the average call degradation ratio of the four schemes. It 

can be seen that the degradation ratio of the proposed scheme is comparable to that 

of RBBS and much higher than that of the non-adaptive scheme and utility-

maximization scheme. The fact that the proposed scheme features higher average 

call degradation ratio than the utility-maximization scheme demonstrates the 

tradeoffs between admitting calls (new and handoff) and call degradation. 

Compared to the utility-maximization scheme the proposed scheme accommodates 

more calls in the network due to its lower call blocking and handoff dropping 

probabilities. Thus under the same network resource availability, on average each 

call of the proposed scheme is degraded heavier than that of the utility-

maximization scheme. 
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Figure 5.7 Average call degradation ratio 

Figure 5.8 shows the bandwidth utilization of the four schemes. The proposed 

scheme exhibits better bandwidth utilization than the non-adaptive scheme and 

RBBS. The bandwidth utilization of the proposed scheme is slightly lower than that 

of the utility-maximization scheme and the trend becomes more evident when the 

call arrival rate increases. When the call arrival rate reaches 2.0, the bandwidth used 

by the proposed scheme comes close to equalling the bandwidth outside of the 

reserved pool. 
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Figure 5.8 Bandwidth utilization 

5.8 Summary 

This chapter presents a utility-fair bandwidth adaptation scheme for multimedia 

wireless networks to solve the unfair utility allocation caused by the utility-

maximization scheme. The proposed scheme includes a core utility-fair bandwidth 

allocation algorithm and its corresponding CAC and bandwidth reservation 

mechanisms. The design details of the utility-fair algorithm are fully explained. The 

key feature of the algorithm is that it quantizes the utility function of each call into 

a linear piecewise function by dividing the utility range into a fixed number of 

equal intervals. After quantization the approximate bandwidth allocation position of 

each utility function can be located and then the exact bandwidth allocation can be 

found using a straightforward equation. Simulation experiments have been 

conducted to investigate the performance of the utility-fair bandwidth adaptation 

scheme. Results show that the proposed scheme attains utility fairness while 

keeping call blocking and handoff dropping probabilities substantially low. 
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Chapter 6 Utility-based Multi-Objective 
Bandwidth Adaptation 

6.1 Introduction 

In Chapter 4 a utility-maximization bandwidth adaptation scheme is proposed 

for multimedia wireless networks from the network operators’ viewpoint and in 

Chapter 5 a utility-fair bandwidth adaptation scheme is proposed from the end-

users’ viewpoint. Both schemes work in the fashion to meet one single utility-based 

objective and the disadvantage of these two schemes is that they cannot satisfy the 

QoS requirements of both network operators and end-users simultaneously. The 

utility-maximization scheme increases the network utility but causes unfair utility 

distribution among end-users. The utility-fair bandwidth adaptation scheme 

achieves utility fairness but adversely affects the service qualities provided by 

network operators. Thus a more sophisticated bandwidth adaptation scheme with 

multiple objectives is desirable for wireless networks to balance the QoS 

requirements of both network operators and end-users. 

From the multimedia traffic model described in Chapter 4 it can be seen that the 

simulated wireless network contains multiple groups of traffic belonging to 

different classes, and all calls within the same traffic group have the same 

bandwidth requirements and utility function. The utility fairness defined in Chapter 

5 considers the utility function as individual to each call and it means that all 

adaptive calls in each cell of the network, whatever the traffic group they belong to, 

receive equal utilities. With the present of multiple groups of traffic, a more relaxed 

fairness criterion, i.e. intra-group utility-fair, can be defined. Intra-group utility-fair 

means that all calls within the same group receive equal utilities while calls 

belonging to different traffic groups may have different utilities. In this chapter a 

novel intra-group utility-fair and inter-group utility-maximization bandwidth 

adaptation scheme is proposed which first guarantees that all calls belonging to the 

same traffic group receive equal utilities and then maximizes the total utility of all 

different groups of calls in each cell of the network. Instead of enabling utility-fair 

bandwidth allocation among all calls in a uniform manner, the proposed scheme 
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applies utility-fair based on per traffic group to leverage the service qualities 

degradation of network operators. The use of intra-group utility-fair also reduces 

the number of utility functions to be considered for utility-maximization and allows 

the exploration of optimal bandwidth allocation solution. To the author’s 

knowledge, the work presented in this chapter is the first attempt to address the 

problem of intra-group utility-fair and inter-group utility-maximization bandwidth 

adaptation in wireless networks. 

The chapter is organized as follows. Section 6.2 formulates the multi-objective 

bandwidth adaptation problem. Section 6.3 describes the proposed intra-group 

utility-fair and inter-group utility-maximization algorithm in details. Section 6.4 

introduces the CAC and bandwidth reservation policies for the multi-objective 

bandwidth adaptation scheme. Section 6.5 presents the simulation results of the 

proposed scheme along with comparisons with previous mentioned bandwidth 

adaptation schemes. Finally, Section 6.6 summarizes the chapter. 

6.2 Problem Formulation 

6.2.1 Bandwidth Degrades 

Consider a saturated cell with m  groups of adaptive traffic containing 

1 2, , , mN N N…  ongoing calls, when a new or handoff call arrives the allocated 

bandwidth of ongoing calls can be degraded to smaller values to accommodate the 

new or handoff call. Denote the utility function of the -thj group-i  call as , ,( )i j i ju b  

(1 ,1 )≤ ≤ ≤ ≤ ii m j N  and its current allocated bandwidth as ,i jβ , thus the 

degradable utility function of the -thj group-i  call can be written as 

, , , , ,( ) ( )i j i j i j i j i ju b u bβ↓ ↓ ↓= −  min
, , ,(0 )i j i j i jb bβ↓≤ ≤ − , where ,i jb↓  and min

,i jb  are the 

bandwidth degrades and the minimum bandwidth requirement of the call, 

respectively. Assume the new or handoff call is an adaptive call belonging to 

group-p  (1 )p m≤ ≤  and denote its utility function as , 1 , 1( )
p pp N p Nu b+ + . The 

objective of bandwidth degrades is to find the bandwidth degrades profile ,{ }i jb↓  for 

the m  groups of ongoing calls and bandwidth allocation , 1pp Nb +  for the new or 
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handoff call to maximize their total utility subject to intra-group utility-fair and 

bandwidth constraints, i.e. 

                maximize  , , , 1 , 1
1 1

( ) ( )
i

p p

Nm

i j i j p N p N
i j

u b u b↓ ↓
+ +

= =

 
+ 

 
∑∑ ,                                     (6.1) 

                subject to  ( )1 1 2 2, , , , , 1 , 1

1 2

( ) ( ) ( ) if

1 ,1 , ,
p pi j i j i j i j p N p N

i

u b u b u b i p

i m j j N
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+ += = =
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,             (6.2) 

                                 min
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                                 , , , 1
1 1
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where Equation (6.2) is the intra-group utility-fair constraint which guarantees that 

all calls within the same group receive equal utilities and B  is the total available 

bandwidth for adaptive calls. 

6.2.2 Bandwidth Upgrades 

Assume that in an overloaded cell when a call is completed or handed off to 

another cell, there are m  groups of adaptive traffic containing 1 2, , , mN N N…  

ongoing calls that have not received their maximum bandwidth requirements. The 

released bandwidth from the completed or outgoing handoff call (denoted by β ) 

can be used to upgrade these ongoing calls to enhance their qualities and increase 

network bandwidth utilization. Again, denote the utility function of the 

-thj group-i  call as , ,( )i j i ju b  (1 ,1 )ii m j N≤ ≤ ≤ ≤  and its current allocated 

bandwidth as ,i jβ , thus the upgradable utility function of the -thj group-i  call can 

be written as , , , , ,( ) ( )i j i j i j i j i ju b u bβ↑ ↑ ↑= +  max
, , ,(0 )β↑≤ ≤ −i j i j i jb b , where ,i jb↑  and max

,i jb  

are the bandwidth upgrades and the maximum bandwidth requirement of the call, 

respectively. The objective of bandwidth upgrades is to find the bandwidth 

upgrades profile ,{ }i jb↑  for the m  groups of ongoing calls to maximize their total 

utility subject to intra-group utility-fair and bandwidth constraints, i.e. 
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                maximize  , ,
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                                 max
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where Equation (6.6) is the intra-group utility-fair constraint which guarantees that 

all calls within the same group receive equal utilities. 

6.3 The Proposed Utility-based Multi-Objective Algorithm 

The essence of utility-based multi-objective bandwidth adaptation is to 

maximize the total utility of m  groups of utility functions, i.e. , ,
1 1

( )
iNm

i j i j
i j

u b
= =
∑∑ , 

subject to intra-group utility-fair and bandwidth constraints. Because all calls within 

the same traffic group are assigned the same utility function, denote the utility 

function of each group-i  call as ( )i iu b , and the problem of bandwidth adaptation 

becomes to maximize 
1

( )
m

i i i
i

u b N
=

⋅∑  subject to intra-group utility-fair and bandwidth 

constraints. According to Proposition 6.1, the intra-group utility-fair constraint can 

be relaxed by aggregating the utility functions of all calls within the same traffic 

group into one single group-based utility function. Thus bandwidth adaptation is 

simplified to maximize the total utility of m  group-based utility functions, i.e. 

1
( / )

m

i i i i
i

u b N N
=

⋅∑ , which only subject to bandwidth constraint. 

Proposition 6.1 When the bandwidth allocation is intra-group utility-fair, for all 

calls belonging to traffic group-i , the sum of their utility functions can be 

substituted by the group-based utility function ( / )i i i iu b N N⋅  without changing their 

total utility. 
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Proof: With intra-group utility-fair bandwidth allocation, for all group-i  calls 

their allocated bandwidth must be equal to each other since they have the same 

utility function ( )i iu b . Assume that the total bandwidth allocation for group-i  calls 

is iB , thus the bandwidth allocated to each group-i  call is /i iB N  and the total 

utility of all group-i  calls is ( / )i i i iu B N N⋅ . For the group-based utility function 

( / )i i i iu b N N⋅ , when it receives bandwidth allocation iB , its achieved utility is also 

( / )i i i iu B N N⋅ . 

To solve the utility-maximization bandwidth adaptation problem, all m  group-

based utility functions are quantized into linear piecewise functions using equal 

bandwidth interval b∆ , where /B b∆  is integer. After quantization utility function 

( / )i i i iu b N N⋅  becomes 1 1 2 2( , , , , , , )i iK K
i i i i i ib u b u b u< > < > < >… , where iK  is the 

maximum <bandwidth, utility> level. 

Proposition 6.2 For m  linear piecewise utility functions 

1 1 2 2( ), ( ), , ( )m mu b u b u b… , where 1 1 2 2( ) ( , , , , , , )= < > < > < >… i iK K
i i i i i i i iu b b u b u b u , a 

necessary condition for their bandwidth allocation 1 2( , , , )mb b b…  to be optimal is 

that 1 21 ,i i m≤ ∀ ≤ , 

1 1

1
i ib b=  or 2

2 2

iK
i ib b=  or 

1 1 2 2
( ) ( )i i i iu b u b− +′ ′≥  and 

1

1 1

iK
i ib b=  or 

2 2

1
i ib b=  or 

1 1 2 2
( ) ( )i i i iu b u b+ −′ ′≤  

where ( )i iu b−′  is the slope of the line segment on the immediate left side of 

bandwidth allocation ib  and ( )i iu b+′  is the slope of the line segment on the 

immediate right side of bandwidth allocation ib  in utility function ( )i iu b . 

Proof: The result is a standard conclusion of the Kuhn-Tucker condition 

[KUH50] [PER80]. If 
1 1

1
i ib b≠ , 2

2 2

iK
i ib b≠  and 

1 1 2 2
( ) ( )i i i iu b u b− +′ ′< , then some bandwidth 

can be subtracted from utility function 
1 1
( )i iu b  and added to utility function 

2 2
( )i iu b  

increasing the total utility. This contradicts the assumption that the bandwidth 
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allocation is optimal. Again, if 1

1 1

iK
i ib b≠ , 

2 2

1
i ib b≠  and 

1 1 2 2
( ) ( )i i i iu b u b+ −′ ′> , then some 

bandwidth can be subtracted from utility function 
2 2
( )i iu b  and added to utility 

function 
1 1
( )i iu b  increasing the total utility. This also contradicts the assumption 

that the bandwidth allocation is optimal. 

The proof can be illustrated using a simple example as shown in Figure 6.1. 
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Figure 6.1 Example illustration for the proof of Proposition 6.2 

Two utility functions 1 1( ) ( 0, 0 , 1,1 , 2,1.5 , 3, 3 )u b = < > < > < > < >  and 

2 2( ) ( 0, 0 , 1,1.5 , 2, 2 , 3, 3 )u b = < > < > < > < >  are considered in the example. 

Assume that the total available bandwidth is 4; when 1 2b =  and 2 2b =  the total 

utility U  of the two utility functions reaches the maximum value and 3.5U = . 

However, since 1 2( (2 ) 0.5) ( (2 ) 1)u u− +′ ′= < =  bandwidth 1b∆  1(0 1)b< ∆ ≤  can be 

subtracted from utility function 1 1( )u b  and added to utility function 2 2( )u b  making 

a new total utility newU , where 3.5 4newU< ≤ . This contradicts the assumption that 

the bandwidth allocation is optimal. On the other hand, since 

1 2( (2 ) 1.5) ( (2 ) 0.5)u u+ −′ ′= > =  bandwidth 2b∆  2(0 1)b< ∆ ≤  can be subtracted from 

utility function 2 2( )u b  and added to utility function 1 1( )u b  making a new total 

utility newU , where 3.5 4.5newU< ≤ . This also contradicts the assumption that the 

bandwidth allocation is optimal. 
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Proposition 6.3 For the utility-maximization problem, the optimal bandwidth 

allocation of each linear piecewise utility function exists on one of its discontinuity 

<bandwidth, utility> points. 

Proof: For utility function 1 1 2 2( ) ( , , , , , , )= < > < > < >… i iK K
i i i i i i i iu b b u b u b u , its 

bandwidth allocation is either located on line segment ik
il  ( ik  is integer and 

1 1i ik K≤ ≤ − ) between two contiguous discontinuity <bandwidth, utility> points 

,i ik k
i ib u< >  and 1 1,i ik k

i ib u+ +< > , or exactly on discontinuity <bandwidth, utility> 

point ,i ik k
i ib u< > . Assume that among the m  linear piecewise utility functions 

when the optimal maximum utility is achieved, the bandwidth allocation of 1m  

1(1 )m m≤ ≤  utility functions is located on line segments and 2m  2 1( )m m m= −  

utility functions is located exactly on discontinuity <bandwidth, utility> points; the 

bandwidth allocation 
11 2( , , , )mb b b…  of the 1m  utility functions is 

1 2 111 2 1
1 2( ( 1) , ( 1) , , ( 1) )k k km

m
ml l l

k b b k b b k b b− ⋅∆ + − ⋅∆ + − ⋅∆ +…  and the bandwidth 

allocation 
1 11 2( , , , )m m mb b b+ + …  of the 2m  utility functions are 

1 11 2(( 1) , ( 1) , , ( 1) )m m mk b k b k b+ +− ⋅∆ − ⋅∆ − ⋅∆… , where ( 1)ik −  denotes the number 

of quantization interval b∆  that bandwidth allocation ib  contains and ki
il

b  is the 

bandwidth allocation on line segment ik
il . One direct conclusion from Proposition 

6.2 is that for the 1m  utility functions whose bandwidth allocation is located on line 

segments, 1 2 11 ,i i m≤ ∀ ≤ , 
1 1 2 2
( ) ( )i i i iu b u b′ ′= , where ( )i iu b′  is the slope of the line 

segment that bandwidth allocation point ib  is located on. Thus bandwidth 

allocation 1 2 11 2 1

( , , , )k k km
m

l l l
b b b…  of the 1m  utility functions can be collected and re-

allocated to exactly 
1

/ ( 1)
m

i
i

B b k
=

 
∆ − − 

 
∑  line segments of them without changing 

the total utility. 

The proof can be illustrated using a simple example as show in Figure 6.2. 
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Figure 6.2 Example illustration for the proof of Proposition 6.3 

Two utility functions 1 1( ) ( 0, 0 , 1, 0.5 , 2, 2 , 3, 3 )u b = < > < > < > < >  and 

2 2( ) ( 0, 0 , 1,1.5 , 2, 2.5 , 3, 3 )u b = < > < > < > < >  are considered in the example. 

Assume that the total available bandwidth is 4. When 1 2.5b =  and 2 1.5b = , the 

total utility U  of the two utility functions reaches the optimal maximum value and 

4.5U = . Since 1 2( (2.5) (1.5) 1)u u′ ′= = , 0.5 bandwidth can be subtracted from utility 

function 1 1( )u b  and added to utility function 2 2( )u b  making 1 2b =  and 2 2b = ; and 

the total utility of the two utility functions still keeps the optimal maximum value, 

i.e. 4.5U = . Alternatively, 0.5 bandwidth can be subtracted from utility function 

2 2( )u b  and added to utility function 1 1( )u b  making 1 3b =  and 2 1b = ; and the total 

utility of the two utility functions still keeps the optimal maximum value, i.e. 

4.5U = . 

Based on Proposition 6.3, the bandwidth adaptation is transformed to a multiple-

choice knapsack problem (MCKP) [SIN79] which aims to maximize the following 

objective function, i.e. 

                                    maximize  
1 1

iKm
l l
i i

i l
x u

= =
∑∑                                                         (6.9) 

                                    subject to  
1

1, 1, 2, ,
iK

l
i

l
x i m

=

= =∑ … ,                                 (6.10) 
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1 1

iKm
l l
i i

i l
x b B

= =

≤∑∑ ,                                               (6.11) 

                                                     {0,1}, 1, 2, , , 1, 2, ,l
i ix i m l K∈ = =… … . 

where variable 1l
ix =  when the -thi  utility function is allocated bandwidth l

ib  and 

0l
ix =  otherwise. 

Finding optimal solution for the utility-maximization problem is NP-hard and 

the utility-maximization algorithm proposed in Chapter 4 can be used to find the 

near-optimal bandwidth allocation. In this chapter the problem is to maximize the 

total utility of m  group-based utility functions. Generally there are only a limited 

number of adaptive traffic groups in wireless networks making the size of the 

problem very small. Thus it is possible to explore the optimal bandwidth allocation 

algorithm. 

Branch-and-bound is a popular approach for solving combinatorial optimization 

problems by the intelligent complete enumeration of the solution space in the 

search tree [KEL04] [KHA98]. In this section, an efficient branch-and-bound 

optimal bandwidth allocation algorithm is proposed to perform exhaustive search in 

the discrete <bandwidth, utility> points of the m  utility functions without 

generating all the nodes. Before presenting the branch-and-bound algorithm, some 

definitions are introduced. 

Definition 6.1 Upper bound is a bound which the optimal value of the objective 

function (
1 1

iKm
l l
i i

i l
x u

= =
∑∑  in this case) can never exceed. The upper bound can be 

computed by relaxing the integrality constraint on  l
ix  of the objective function. 

Definition 6.2 Lower bound is a bound which the optimal value of the 

objective function can always equal or exceed. The lower bound can be calculated 

using the Greedy method as stated in [KEL04]. 

Definition 6.3 Live node is a node that has been generated in the tree but whose 

children have not been generated yet. 
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Definition 6.4 E-node is the live node with the currently largest upper bound. In 

other words, an E-node is a node currently being expanded. 

Definition 6.5 Branching utility function is the utility function which is going 

to be fixed (allocated bandwidth) when expanding the E-node. The calculation of 

branching utility function will be introduced later. 

The optimal bandwidth allocation is found by the iterative generation of a tree. 

A node in the tree represents a bandwidth allocation state { }l
ix  (1 ,1 )ii m l K≤ ≤ ≤ ≤  

where there may be some variables which are known (values are assigned), and 

some others which are unknown (values are not assigned). At any bandwidth 

allocation state, a utility function ( )i iu b  is either free with all its variables 

1 2( , , , )iK
i i ix x x…  unknown denoting no bandwidth has been allocated to it or fixed 

with all its variables known denoting some bandwidth has been allocated to it. For a 

fixed utility function ( )i iu b , 1l
ix =  means it has been allocated bandwidth l

ib  and 

0l
ix =  otherwise. Children nodes are generated from their parent node by 

expanding it based on the unknown variables. For example, expanding a node based 

on the unknown variable l
ix  of free utility function ( )i iu b  generates a child node 

with 1l
ix = . The basic procedure of the branch-and-bound algorithm is summarized 

as follows: 

1. Start with a solution state where all utility functions are free, i.e. all 

variables are unknown. Select the branching utility function after computing 

the upper bound, and then initialize the search tree with this node as the only 

live node. 

2. Find the E-node, i.e. the live node with the largest upper bound among all 

live nodes. 

3. If the E-node does not have any free utility function, i.e. all utility functions 

are fixed, then this node represents the optimal bandwidth allocation 

solution and the algorithm terminates. 
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4. If the E-node has at least one free utility function, then expand the E-node 

by fixing its branching utility function. 

5. Go back to Step 2. 

During the search phase of the branch-and-bound algorithm, Proposition 6.2 can 

be applied to prune the tree by exploiting the structure of linear piecewise utility 

functions. The pseudo-code of the branch-and-bound algorithm is described as 

follows and the notations of the algorithm can be found in Table 6.1. 

Table 6.1 Notations used in the branch-and-bound algorithm 

B  the total available bandwidth to be allocated 
availb  the current available bandwidth to be allocated 

iu  the quantized group-based utility function of group-i  calls (1 )i m≤ ≤  

iK  the maximum <bandwidth, utility> level of utility function iu  
m  the total number of utility functions (traffic groups) 

freem  the number of free utility functions (the utility functions that have not 
received bandwidth allocation) 

n  the numerical ID of the branching utility function 
b  the bandwidth requirements vector, i.e. 11 1

1 1(( , , ), , ( , , ))mKK
m mb b b b… … … , 

where l
ib  (1 )il K≤ ≤  is the bandwidth requirement of the -thl  

<bandwidth, utility> point of utility function iu  
x  the bandwidth allocation vector, i.e. 11 1

1 1(( , , ), , ( , , ))mKK
m mx x x x… … … , 

where 0 1≤ ≤l
ix . For a fixed utility function iu , 1l

ix =  means the utility 
function has been allocated bandwidth l

ib  and 0l
ix =  otherwise; while 

for a free utility function iu , l
ix  may be fractional because of the 

calculation of upper bound 
u  the achievable utility vector, i.e. 11 1

1 1(( , , ), , ( , , ))mKK
m mu u u u… … … , where 

l
iu  is the achievable utility by allocating bandwidth to the -thl  

<bandwidth, utility> point of utility function iu  
v  the achieved utility vector, i.e. 1( , , )mv v… , where iv  is the achieved 

utility of utility function iu  
s  the utility function status vector, i.e. 1( , , )ms s… , where {0,1}is ∈ . It 

indicates the fixed or free status of the utility functions in the current 
bandwidth allocation solution; 1is =  means utility function iu  has 
received bandwidth allocation and 0is =  otherwise 

upperU  the upper bound of the objective function as in Definition 6.1 
lowerU  the lower bound of the objective function as in Definition 6.2 
objU  the achieved utility value of the objective function 
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Branch-and-bound algorithm: 

(1)  // initialization 
      , , 0, 0, 0free avail objm m b B U s x= = = = =  

          // calculate the upper bound as in Definition 6.1 
          ( , , , , , )upper free availU calculateUB m b b u s x=  
          // calculate the lower bound as in Definition 6.2 
          ( , , , , , )lower free availU calculateLB m b b u s x=  
          // find the numerical ID of the branching utility function 
          find n  when 1, ,[ ][ ] 1

nl Kx n l = =… , upperU  is achieved 
          // insert the root node into the tree 

 ( , , , , , , , )free avail upper lower objinsertNode m b U U U n s x  
(2)  while (true) 
         // find the E-node as in Definition 6.4 
         ( )node findENode=  
         . , .x node x n node n= =  

             if ( . 0)freenode m =  
                // return the bandwidth allocation vector x  
                return .node x  
             // fix the branching utility function 
             1, ,. 1, [ ] 1, [ ][ ] 0

n

free free
l Km node m s n x n l == − = =…  

             // no need to branch if the conditions from Proposition 6.2 cannot be met 
             if ( 1 21 , ,≤ ∀ ≤i i m  (

1 1

1
i ib b=  or 2

2 2

iK
i ib b=  or 

1 1 2 2
( ) ( )i i i iu b u b− +′ ′≥ ) and 

                  ( 1

1 1

iK
i ib b=  or 

2 2

1
i ib b=  or 

1 1 2 2
( ) ( )i i i iu b u b+ −′ ′≤ )) 

                for 1 to nl K=  
                   // allocate bandwidth to the -thl  <bandwidth, utility> point of utility 
                   // function ( )n nu b  
                   .avail availb node b=  
                   if (( [ ][ ]) 0)availb b n l− ≥  
                      [ ][ ], . [ ][ ], , [ ][ ] 1avail avail obj objb b b n l U nodeU u n l x x x n l′ ′= − = + = =  
                      ( , , , , , , , )upper free avail objU calculateUB m b b u U v s x′=  
                      max{ , ( , , , , , , , )}lower lower free avail objU U calculateLB m b b u U v s x′=  
                      // no need to branch if upper bound is not more than lower bound 
                      if ( )upper lowerU U>  

                         find n  when 1, ,[ ][ ] 1
nl Kx n l =′ =… , upperU  is achieved 

                         ( , , , , , , , )free avail upper lower objinsertNode m b U U U n s x′  
 

The algorithm starts the tree search by creating the root node with all utility 

functions free. Because initially root node is the only live node, it becomes the E-

node. Then the algorithm fixes the E-node and expands it based on the variables of 

the branching utility function n , where n  is found by relaxing the integrality 
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constraint on the variables and calculating the upper bound of the objective 

function. The algorithm keeps expanding live nodes until the optimal solution is 

found. At a given node in the tree if the optimal solution cannot occur in any of its 

descendent nodes, there is no need to branch this node. Hence, before branching the 

E-node, Proposition 6.2 is used to check if the optimal solution may exist in its 

descendent nodes. If the optimal bandwidth allocation conditions cannot be 

satisfied, the algorithm stops branching the current node and looks for another E-

node; in this way the tree is pruned. Similarly, if the upper bound of the E-node is 

not larger than the lower bound, all its descendent nodes can also be pruned. If the 

branching E-node has no free utility functions the algorithm terminates and the 

current solution vector x  yields the optimal solution. Otherwise, the algorithm 

fixes the branching utility function ( )n nu b . For each <bandwidth, utility> point l  of 

utility function ( )n nu b , the algorithm does the following: extend x  by allocating 

bandwidth l
nb  to <bandwidth, utility> point l  to generate a new partial solution x′ . 

If allocating bandwidth l
nb  to <bandwidth, utility> point l  is feasible, the algorithm 

fixes the branching utility function n  and inserts a new node with solution x′  into 

the search tree. The procedure of the algorithm is shown in Figure 6.3. 
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Figure 6.3 Branch-and-bound algorithm illustration 
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It is assumed that the objective is to maximize the total utility of three linear 

piecewise utility functions 1 1( )u b , 2 2( ) u b  and 3 3( )u b  each of which has three 

<bandwidth, utility> points, i.e. 
3 3

1 1

l l
i i

i l
x u

= =
∑∑ , subject to bandwidth constraint. The 

algorithm starts by creating root node A with all three utility functions free. Since 

node A is the only live node it becomes the E-node. Suppose that after computing 

the upper bound of the objective function it is found that the numerical ID of the 

branching utility function is 2. The algorithm then expands node A by fixing the 

branching utility function 2 2( )u b . This generates three more live nodes B, C and D. 

Suppose now node C has the largest upper bound among all live nodes thus it 

becomes the E-node and also suppose the numerical ID of the branching utility 

function on node C is 3. Expansion of node C by fixing the branching utility 

function 3 3( )u b  generates nodes E, F, and G. Suppose now node D is the E-node 

and the numerical ID of the branching utility function on node D is 1. Node D is 

then expanded by fixing the branching utility function 1 1( )u b . It can be noticed that 

the expansion of node D only generates two nodes H and I. This is because 

generating the node based on variable 3
1x  violates the bandwidth constraint. 

Suppose after this expansion node B has the highest upper bound among the live 

nodes and the numerical ID of the branching utility function is 1. Thus it is 

expanded by fixing the branching utility function 1 1( )u b . Expansion continues in 

this fashion until node L becomes the E-node. Since at node L there are no more 

free utility functions, the algorithm terminates and node L represents the optimal 

bandwidth allocation solution. In the figure, the sequence at which the nodes are 

expanded is given beside the left of the nodes. The label j
ix  written beside a branch 

indicates 1j
ix =  which means utility function ( )i iu b  is allocated a bandwidth of j

ib . 

6.4 CAC and Bandwidth Reservation 

Apart from the multi-objective bandwidth adaptation algorithm, CAC and 

bandwidth reservation policies are used to reduce the call blocking and handoff 

dropping probabilities. 



 100

During the process of bandwidth adaptation the multi-objective scheme needs to 

maintain the intra-group utility fairness among calls belonging to the same traffic 

group. The CAC and bandwidth reservation mechanisms of the multi-objective 

scheme are identical to those of the utility-fair bandwidth adaptation scheme 

proposed in Chapter 5 after replacing the utility-fair bandwidth requirement with 

intra-group utility-fair bandwidth requirement. With the multi-objective bandwidth 

adaptation scheme, the intra-group utility-fair bandwidth requirement of the new or 

handoff call is also dependent on its adaptive characteristics. If the new or handoff 

call belongs to hard real-time traffic, its intra-group utility-fair bandwidth 

requirement refers to the maximum bandwidth requirement of the call; if the new or 

handoff call belongs to adaptive real-time or non-real-time traffic, its intra-group 

utility-fair bandwidth requirement refers to the bandwidth requirement that enables 

the call to achieve the same utility as other ongoing calls belonging to its traffic 

group. The pseudo-code for handling call arrivals and departures can be referred to 

that of the utility-fair bandwidth adaptation scheme and it will not be described 

repetitively here. 

6.5 Simulation Results 

Simulation experiments have been conducted to highlight the performance of the 

proposed multi-objective bandwidth adaptation scheme by comparing it with four 

other bandwidth adaptation schemes introduced in the previous chapters, i.e. the 

non-adaptive scheme, RBBS, utility-maximization scheme and utility-fair scheme. 

In the experiments, in order to provide quantitative measurement to evaluate the 

intra-group utility fairness, a new application-level performance metric called 

average intra-group utility fairness deviation is introduced. Intra-group utility 

fairness deviation is defined as the standard deviation of the actual received utility 

of each ongoing call from its expected intra-group fair utility under the current load 

situation of the cell, i.e. 

                                             fair 2
, ,

1

1= ( )
1

iN

i i j i j
ji

d u u
N =

−
− ∑                                     (6.12) 
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where ,i ju  and fair
,i ju  are the actual received utility and the expected intra-group fair 

utility of the -thj  group-i  call, respectively. From the definition it is known that 

the higher the intra-group utility fairness deviation is, the more unfairly the utility is 

distributed among calls within the same traffic group. Based on intra-group utility 

fairness deviation, average intra-group utility fairness deviation is defined as 

                                                       
1

/
m

i
i

d d m
=

 
=  
 
∑                                             (6.13) 

where m  is the number of adaptive traffic groups. 

Figure 6.4 demonstrates the average intra-group utility fairness deviation of the 

five schemes. From the figure it can be seen that RBBS has the highest average 

intra-group fairness deviation and then the utility-maximization scheme. The intra-

group utility fairness deviation of the non-adaptive scheme, utility-fair scheme and 

proposed scheme are all zero since with these three schemes for each ongoing call 

its actual received utility equals to its expected intra-group fair utility, i.e. 

, ,
fair

i j i ju u=  (for the non-adaptive scheme max
, , ,

fair
i j i j i ju u u= = ). 
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Figure 6.4 Average intra-group utility fairness deviation 

After comparing the average intra-group fairness deviation, Figure 6.5 shows the 

utility fairness deviation for all traffic groups of the five schemes. Again, RBBS has 
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the worst performance among all schemes. Since the proposed scheme only aims to 

satisfy the intra-group utility fairness, its utility fairness deviation is higher than 

that of the non-adaptive scheme and utility-fair scheme. The results reveal that with 

the proposed scheme utilities are not allocated equally among calls belonging to 

different groups. But the utility fairness deviation of the proposed scheme is 

relatively low compared to that of RBBS and it is not more than 0.13 for all call 

arrival rates. 
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Figure 6.5 Utility fairness deviation 

Figure 6.6 depicts the average cell utility of the five schemes. It can be observed 

that the average cell utility of the proposed scheme is nearly identical to that of the 

utility-fair scheme. The results show that by maximizing the total utility of different 

groups of traffic after obtaining intra-group utility fairness the proposed scheme 

have produced attractive network utility. 
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Figure 6.6 Average cell utility 

Figure 6.7 illustrates the combined traffic call blocking probability comparison 

of the five schemes. The proposed scheme achieves good performance when the 

call arrival rate is low. Although the blocking ratio of the proposed scheme 

becomes slightly higher than that of the other three adaptive schemes at heavy 

traffic load (at the call arrival rates from 1.4 to 2.0), it is kept on an acceptable 

level. 
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Figure 6.7 Call blocking probability for combined traffic 
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Figure 6.8 depicts the combined traffic handoff dropping probability. When the 

call arrival rate is low (not more than 1.0), the dropping ratio of the proposed 

scheme is close to zero. The dropping of handoff calls starts to be seen when the 

call arrival rate becomes higher than 1.0 and it keeps increasing with the call arrival 

rate. At the call arrival rate of 2.0, it is about 20% lower than that of the non-

adaptive scheme and 4% higher than that of the utility-maximization scheme. 
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Figure 6.8 Handoff dropping probability for combined traffic 

Figures 6.9 and 6.10 illustrate the handoff dropping probabilities for Class I and 

Class II traffic, respectively. For Class I handoff calls the handoff dropping 

probability of the proposed scheme is only slightly higher than that of RBBS and 

the utility-fair scheme. In terms of Class II handoff calls dropping probability, the 

proposed scheme performs better than the non-adaptive scheme and worse than the 

other three schemes. Since Class II calls does not have minimum bandwidth 

requirements, the dropping of Class II handoff calls is mainly caused by 

maintaining the intra-group utility fairness and maximizing the total utility of 

different groups of calls. 
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Figure 6.9 Handoff dropping probability for traffic class I 

0.2 0.4 0.6 0.8 1.0 1.2 1.4 1.6 1.8 2.0

0.0

0.1

0.2

0.3

0.4

0.5

0.6

0.7

0.8

 Non-Adaptive Scheme
 RBBS
 Utility-Maximization Scheme
 Utility-Fair Scheme
 Multi-Objective Scheme

 

 

H
an

do
ff 

D
ro

pp
in

g 
P

ro
ba

bi
lit

y 
fo

r T
ra

ffi
c 

C
la

ss
 II

Call Arrival Rate

 

Figure 6.10 Handoff dropping probability for traffic class II 

Figure 6.11 shows the average call degradation ratio of all schemes. The 

proposed scheme experiences higher degradation ratio than the non-adaptive 

scheme and utility-maximization scheme, and lower degradation ratio than RBBS 

and the utility-fair scheme. The results indicate that the proposed scheme achieves 

high average cell utility and low call blocking and handoff dropping probabilities 

without enforcing heavy call degradation as tradeoffs. 
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Figure 6.11 Average call degradation ratio 

Figure 6.12 compares the bandwidth utilization of the five schemes. When the 

call arrival rate is low (not more than 1.0), the bandwidth utilization of the proposed 

scheme is close to that of the utility-fair scheme. When the call arrival rate reaches 

1.0, the bandwidth utilization of the proposed scheme starts becoming higher than 

that of the utility-fair scheme and the advantage increases as the call arrival rate 

increases. At the call arrival rate of 2.0, the bandwidth utilization of the proposed 

scheme is only slightly lower than that of the utility-maximization scheme. 
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Figure 6.12 Bandwidth utilization 
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6.6 Summary 

In this chapter, an intra-group utility-fair inter-group utility-maximization 

bandwidth adaptation scheme is proposed. The scheme is performed to meet two 

objectives in the preference order: 1) all calls belonging to the same traffic group 

receive fair utilities; and 2) the total utility of all different groups of calls in each 

individual cell of the network is maximized. By aggregating the utility functions of 

all calls within the same group into the group-based utility function, the multi-

objective bandwidth adaptation can be simplified to a lightweight utility-

maximization problem. A branch-and-bound algorithm is then presented to obtain 

the optimal bandwidth allocation and a proposition derived from Kuhn-Tucker 

condition is applied to reduce the search space of the algorithm. The CAC and 

bandwidth reservation mechanisms have also been incorporated into the bandwidth 

adaptation scheme to reduce the call blocking and handoff dropping probabilities. 

Extensive simulation experiments have been carried out to evaluate the 

performance of the multi-objective bandwidth adaptation scheme. Numerical results 

show that the proposed scheme achieves excellent intra-group utility fairness and 

network utility while maintaining competitive connection-level QoS. 
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Chapter 7 Conclusions and Future Work 

7.1 Conclusions 

QoS provisioning in wireless networks is a challenging problem due to the 

limited and variable wireless link bandwidth. The goal of this research is to explore 

efficient bandwidth adaptation schemes to provide QoS support for multimedia 

traffic with different bandwidth requirements in wireless networks. 

Chapter 3 introduces the fundamental issues of utility-based bandwidth 

adaptation in multimedia wireless networks. Multimedia traffic is classified into 

different classes according to their adaptive characteristics and a utility function 

with appropriate shape is defined for each class of traffic to model its applications. 

Based on application utility functions, the utility-based adaptive traffic model is 

then presented for multimedia traffic. The objectives of utility-based bandwidth 

adaptation are discussed and the procedure of bandwidth adaptation is divided into 

two processes – bandwidth degrades and bandwidth upgrades. The work presented 

in this chapter serves as the foundation for the utility-based bandwidth adaptation 

schemes which will be proposed in the later chapters. 

With the availability of utility-based adaptive traffic model, Chapter 4 presents a 

utility-maximization bandwidth adaptation scheme for multimedia wireless 

networks. A mathematical formulation of the utility-maximization bandwidth 

adaptation problem is presented and a search tree based algorithm is described to 

maximize the total utility of all calls in the network. CAC and bandwidth 

reservation have also been integrated into the scheme to reduce the call blocking 

and handoff dropping probabilities. After presenting and validating the multimedia 

wireless network simulation model, extensive experiments have been carried out to 

evaluate the performance of the proposed utility-maximization scheme. Simulation 

results show that the scheme is effective in increasing network utility while keeping 

call blocking and handoff dropping probabilities low. 

The drawback of the utility-maximization scheme is that it ignores the QoS 

requirements of end-users and causes the utilities to be distributed unfairly among 
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ongoing calls in the network. To solve such problem, Chapter 5 presents a utility-

fair bandwidth adaptation scheme for multimedia wireless networks. The scheme 

includes a utility-fair bandwidth adaptation algorithm to enable all adaptive calls in 

each cell of the network to receive fair utilities, and CAC and bandwidth 

reservation polices to provide QoS guarantees to the new and handoff calls. The 

quantization of utility function by dividing its utility range into a fixed number of 

equal intervals is the key feature of the utility-fair algorithm. The simulation results 

demonstrate that the proposed utility-fair scheme attains utility fairness and reduces 

call blocking and handoff dropping probabilities. 

Chapter 6 proposes a multi-objective bandwidth adaptation scheme to meet the 

QoS requirements of both network operators and end-users. The scheme allocates 

bandwidth to calls based on per traffic group. It first guarantees that all calls within 

the same group receive fair utilities, and then maximizes the total utility of all 

different groups of calls. By aggregating utility functions of all calls within the 

same group into their group-based utility function, the bandwidth adaptation is 

simplified to a lightweight utility-maximization problem. A branch-and-bound 

algorithm is then presented to obtain the optimal bandwidth allocation solution. 

Moreover, a proposition derived from Kuhn-Tucker condition is applied to improve 

the efficiency of the branch-and-bound algorithm. Similar to the previous proposed 

schemes, the multi-objective scheme also includes CAC and bandwidth reservation 

mechanisms for the new and handoff calls QoS support. The simulation results have 

shown the effectiveness of the multi-objective scheme. 

7.2 Future Work 

The research work in this thesis focuses on utility-based bandwidth adaptation 

for multimedia traffic in wireless networks. Even though the simulation results have 

clearly demonstrated the superior performance of the proposed bandwidth 

adaptation schemes, there still remain some open issues to be investigated in the 

future as an extension of this research. 

• More Application-Level QoS Measurements 
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To evaluate the application-level QoS in multimedia wireless networks, the 

work presented in this thesis only uses one measurement, i.e. the application 

utility. While other measurements such as delay/delay variation and loss/error 

rate can also reflect the application-level QoS and it is desirable for future 

bandwidth adaptation schemes to consider these QoS measurements. 

• Traffic Prioritization 

This thesis assumes that all calls in the network have the same priority level. 

Such assumption has ignored the fact that some customers are willing to pay 

more for better services and such customers may get annoyed by the QoS 

degradation during network congestion. In the future calls could be specified 

with multiple priority levels to reflect the importance of a wide range of 

customers. Bandwidth adaptation could then differentiate calls according to 

their priority levels to provide better QoS to high-value customers. For example, 

during bandwidth degrades calls with lower priority levels can be degraded first 

and during bandwidth upgrades calls with higher priority levels can be upgraded 

first. 

• Adaptive Bandwidth Reservation 

Adaptive bandwidth reservation is also a promising research direction. The 

bandwidth reservation deployed in this thesis is fairly simple since it only 

reserves a fixed percentage of bandwidth in each cell for handoff calls. 

Although fixed bandwidth reservation has reduced handoff dropping probability 

there is still space for improvement. A more elaborate bandwidth reservation 

mechanism with low computational and message overhead is worth 

investigating to dynamically adjust the amount of reserved bandwidth according 

to the predicted handoff traffic load. 

• Utility Fluctuations and Message Overhead Evaluation 

The proposed bandwidth adaptation schemes achieve attractive performance 

in both connection-level and application-level QoS. However, all these do not 

come without a price. Bandwidth adaptation subjects ongoing calls to frequent 

utility fluctuations which may annoy end-users. Moreover, bandwidth 
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adaptation involves extra network message overhead since BS needs to send 

messages to inform the senders and receivers of the new allocated bandwidth of 

the applications. Message overhead is proportional to the number of 

applications whose bandwidth is re-allocated and it is inherently high for the 

utility-fair bandwidth adaptation scheme because every time bandwidth 

adaptation happens the allocated bandwidth of all adaptive calls needs to be 

changed to maintain the utility fairness criterion. Utility fluctuations and 

message overhead are serious problems introduced by bandwidth adaptation and 

the evaluation of their negative effect requires more research in the future. 

• Physical Layer Adaptation 

This thesis only deals with bandwidth adaptation in the application layer of 

multimedia wireless networks. Bandwidth adaptation is assumed to be 

continuous, i.e. the multimedia application can be adapted to any bit rate 

between its minimum and maximum bandwidth requirements. However, such 

an assumption is rather ideal for the network architecture with multiple OSI 

layers. Although some technologies have been developed for the continuous 

multimedia adaptation in the application layer, there is still lack of research for 

other OSI layers adaptation especially physical layer adaptation. Due to the fact 

that most wireless networks technologies such as FDMA and TDMA allocate 

resource based on channels in the physical layer, special implementation 

approaches need to be investigated to support continuous multimedia adaptation 

and this leads to another interesting yet challenging topic for future research.  
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