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Abstract
Efficient management of rather limited resources, including radio spectrum and mobile-terminal
battery power, has been the fundamental design challenge of wireless networks and one of the most
widespread research problems over the years. MAC (Medium Access Control) for packet access and
CAC (Call Admission Control) for connection-oriented service domains are commonly used as
effective tools to manage radio resources, capacity and performance of wireless networks while
providing adequate QoS (Quality of Service) to mobile users. Hence, analysis and synthesis of
efficient MAC and CAC schemes for advanced wireless networks have significant academic and
practical values. This dissertation addresses that topic and presents seven separate contributions of
the author: four on adaptive MAC schemes for centralized PRN (Packet Radio Networks), referred
to as SPA (Smart Packet Access) and three on CAC schemes for cellular networks, referred to as SCA
(Smart Call Admission). These contributions are published in eighteen original papers by the author,
which are listed and referred to as Papers I–XVIII in this thesis.

In SPA, the first contribution, reported in Papers II and IV, studies implementation losses of
adaptive feedback-control MAC schemes for the uplink of DS-CDMA (Direct-Sequence Code
Division Multiple Access) PRN in the presence of various system imperfections. The second
contribution, reported in Papers XI, XII, XV and XVI, proposes a bit-rate adaptive MAC scheme for
DS-CDMA PRN, referred to as SPR (Smart Packet Rate). The third contribution, reported in Papers
III, XIII and XIV, develops two alternative MAC schemes with adaptive packet-length over
correlated fading channels in DS-CDMA PRN, referred to as SPL (Smart Packet Length). The fourth
contribution, reported in Papers XVII and XVIII, develops alternative adaptive MAC schemes for
optimal trade-offs between throughput and energy consumption of TCP (Transmission Control
Protocol) applications in advanced cellular networks. These include a so-called SPD (Smart Packet
Dispatching) for HSPA (High Speed Packet Access) and, again, SPL for LSPA (Low Speed Packet
Access).

Moving on to SCA, the first contribution, reported in Papers V and VII, provides a simple and
accurate analytical method for performance evaluation of a class of fixed-assignment CAC schemes
with generic guard-channel policy and queuing priority handoffs in cellular networks. The second
contribution, reported in Papers VI, IX and X, proposes a simple and effective SCAC (Soft-decision
CAC) scheme for CDMA cellular networks. This is evaluated against fixed-assignment and
measurement-based CAC schemes with a simple and reliable method provided as a part of the
contribution. The third contribution, reported in Papers I and VIII, incorporates alternative QoS
differentiation paradigms and resource partitioning into CAC, defines GoS (Grade of Service) for
multimedia cellular networks, and provides an in-hand tool for efficient capacity and GoS
management.

Keywords: call admission control (CAC), energy efficiency, medium access control
(MAC), resource management, spectral efficiency, wireless networks
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1 Introduction 

Entering the 21st century, wireless communications has emerged as one of the largest 
sectors of the telecommunication industry, and also one of the most promising areas for 
further and fast growth. The user population and broad demand for wireless and mobile 
communications services have steadily increased and this trend is expected to continue. 
Future wireless systems are envisioned to provide high capacity and ubiquitous 
information access in various environments, including indoor office, pedestrian, vehicle, 
and satellite. These will also include a wide variety of applications, which will result in 
diverse traffic classes being supported with different QoS (Quality of Service) 
requirements (1-6). 

In contrast to the bandwidth demands for supporting an increasing number of users 
and a continuous expansion of services, wireless systems are constrained to operate 
within a fixed RF (Radio Frequency) band (1-22). This RF allocation is strictly regulated 
worldwide and, therefore, rather limited. Furthermore, in future multimedia wireless 
systems, the MTs (Mobile Terminal) are expected to run more applications more often 
and for longer periods when relying on limited battery power to conduct 
communications. The concern of energy conservation for the MTs becomes even more 
crucial than it is now (23-28). Hence, essential requirements on the capacity and 
capabilities of wireless systems are posed in term of securing scarce resources, including 
radio spectrum and MT battery power, to serve as many users or to transfer as much data 
as possible. This goal can be achieved with proper designs of radio access networks and, 
in particular, efficient RM (Resource Management). 

Thus, together with sufficient system architectures, multiple access techniques, 
sophisticated physical designs using signal processing techniques, such as advanced 
receivers, adaptive channel coding and modulation, adaptive equalizers, and diversity 
combining, efficient RM schemes(*) must be utilized and adopted. RM schemes may 
include: channel assignment, power control, handoff control, call admission control, 
medium access control, packet transmission scheduling, congestion control, and other 
traffic-and-mobility-management schemes. Most often, these are mutually supportive, 

                                                           
(*) The term scheme, instead of algorithm or protocol, is used throughout this thesis to keep it 
flexible, general, or conceptual. 
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originated from and driven by basic nature, networking paradigms, technologies, and 
diverse requirements of wireless systems and services. RM schemes systematically define 
rules, guidelines, and mechanisms on how the network makes use of scarce radio 
resources while providing the required QoS to simultaneous mobile users. Thus, RM 
schemes determine the actual serving capacity, coverage, and performance of wireless 
systems, and are the keys to efficient network operation. These may take on a much more 
dynamic nature considering various technical, ergonomic, and economic factors, such as 
highly erratic radio channels, transmit-power restrictions, mobile multimedia supports 
with different user and service profile characteristics, simplicity and cost-efficiency in 
network operation. Therefore, efficient RM schemes have to be devised. In fact, efficient 
RM in advanced wireless networks has been one of the most challenging and widespread 
research problems in the recent years. 

This thesis addresses analysis and synthesis of RM schemes, and will focus on two 
main areas. The first is MAC (Medium Access Control) for centralized PRN (Packet 
Radio Networks). In general, MAC schemes represent how the available system 
bandwidth can be shared among users in accessing and transmitting on the common radio 
channel in forms of a data frame or radio packet. The second focus area is CAC (Call 
Admission Control) for connection-oriented service domains of mobile multimedia 
cellular networks. In general, CAC schemes represent how the network decides to accept 
or reject a new call request for a connection-oriented service with certain QoS 
requirements. The decision and initial resource allocation for the user upon accepting the 
call request is made depending on the available system capacity, user and service profile 
characteristics, and effects imposed on the existing users. MAC and CAC schemes are 
commonly used as important and effective tools for managing scarce radio resources, 
system capacity, and performance in advanced wireless systems. 

Chapter 1 is continued as follows. Section 1.1 provides an overview of RM in 
advanced wireless networks confined to mobile cellular systems. It starts with a 
formulation of the general RM problem of interest, and then reviews essential RM 
schemes. Section 1.2 defines the focus areas of the thesis, which are MAC and CAC 
schemes subject to efficient RM in advanced wireless networks. Section 1.3 presents the 
aim of the thesis and outlines the author’s contributions. Section 1.4 describes the chosen 
presentation style and organization of the thesis. 

1.1  Resource management in advanced wireless networks 

It is believed that evolutions of today’s cellular networks including 3G (3rd Generation) 
CDMA (Code Division Multiple Access) systems are the most significant segments of the 
future mobile Internet for a reliable radio access and network operation (1-6). Thus, as for 
an appropriate high-level modeling abstraction of advanced wireless networks used to 
address RM problems in this thesis, the author mainly considers the multiple-access 
channel model in UL (Up-Link) of a reference cell in either single-cell or multi-cell 
system scenarios, depicted in Figure 1 below. FDD (Frequency Division Duplexing) DS-
CDMA (Direct Sequence CDMA) is assumed if not stated otherwise. The results, 
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discussions and, in particular, analytical methods, however, may well be applicable for 
the DL (Down-Link) direction and wireless networks in general. 

Fig. 1. High-level modeling abstraction of the system in question. 

1.1.1  General problem formulation 

In cellular systems, an optimum usage of frequency-reuse patterns and radio propagation 
characteristics to minimize co-channel interference and, hence, increase the utility of the 
radio spectrum is the most restraining factor on the system capacity and performance. 
This has two major aspects: (i) design and planning of cell sites and network 
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infrastructure, and (ii) radio resource allocation and management in a given service area 
with the infrastructure in place. The latter is the general RM problem of interest for this 
thesis, formulated as follows based on (19, 48, 49) and Paper I. 

To keep it simple, yet general and insightful, the system is assumed to consist of Nb 
BSs (Base Station); each serving a single cell. The system has Nc channels or, more 
generally, signature waveforms for setting up radio links for transmissions between users 
and BSs. The system provides Nm possible modes for radio transmissions and QoS 
supports. Each mode corresponds to a specific channel selection, access method, and 
transport format including user bit rate, packet size, transmission time interval, etc. There 
is a Nu of active users in the system. Let us define the following sets: B = {1, 2, ..., Nb}; 
C = {1, 2, ..., Nc}; M = {1, 2, ..., Nm}; and U = {1, 2, ..., Nu}, for numbering the BSs, 
channels, modes, and active users, respectively. To establish an RL for communications 
over it, each active user j∈U needs to be assigned to a BS b∈B, with a suitable waveform 
cj∈C, a mode mj∈M, and a transmit-power, Ptx,j. Then, providing that the required QoS is 
met, the received SIR (Signal to Interference Ratio) that drives the RL quality and 
performance model has to be kept above its specified target at all times for each active 
user during its transmission. The following inequality must hold for the RL between the 
user j and the serving BS b: 
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In the above expression (1.1), SIRj and SIRtarget,j denote the actual and target SIR values of 
the user j, respectively. The parameter gb,j is the path gain(1), representing the propagation 
losses between the j transmitter and the b receiver for all j∈U. Thus, it takes a value in 
between zero and one. The parameter θj,n denotes the normalized cross-correlation 
between cj and cn waveforms for all active users. The parameter N0,b is the background 
noise power at the BS b. The product Ptx,jgb,j gives the value of the received power of the 
user j signal at the BS, denoted by Prx,j. The product Prx,nθj,n that is Ptx,ngb,nθj,n under the 
sum in (1.1) represents the effective portion of the received power of the user n signal 
contributed to the total received interference at the BS against the user j. If the waveforms 
are designed to be orthogonal as in the FDMA (Frequency Division Multiple Access) and 
TDMA (Time Division Multiple Access) systems, then the value of the correlations θj,n is 
either zero or one depending on whether or not the users are assigned the same frequency 
channel or time slot. Otherwise, the θj,n value is in between zero and one as in a CDMA 
system with non-orthogonal codes (13-19). 

The aforementioned assignment is performed and controlled by a generic resource 
allocation scheme. This is restricted by limitations and constraints of the available 
channels as subsets of C for each cell of the BSs in B, transmit power for users in U and 
BSs in B, and allowable transmission modes as subsets of M. This is, at the same time, 
conditioned to (1.1) including propagation conditions with path gains, QoS requirements 

                                                           
(1) The path gain may incorporate gains produced by smart solutions of the transmitter and the 
receiver as well, in addition to radio propagation attenuation due to path loss and fading impacts. 
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with SIR targets, and tolerable received interference levels at the BSs. The users, 
meanwhile, may be moving around the service area from one cell to another. Therefore, 
seamless handoffs for active users between cells or BSs, having the required resource 
allocation ready in time and place, are highly desirable. Furthermore, supporting 
multimedia applications and services may require a large and dynamic amount of 
bandwidth that in turn may ask for multiple channels and transmission modes to be 
assigned to a user time-to-time. This is not to mention the need for power conservation of 
the MT battery in operating such applications and services. Finding a generic, optimal 
resource allocation scheme to fulfill all the issues mentioned above and, at the same time, 
the stringent requirement of network operations, i.e., to serve as many users as possible, 
is a formidable problem. In practice, a mutual set of simple, heuristic schemes is often 
adopted; each considering specific areas and aspects of RM in wireless networks. The 
main tasks of the RM schemes, overall, are to coordinate the users and, once they are 
admitted into the system, allocate and maintain adequate resources for each active user so 
that certain criteria and performance requirements can be met and optimized for an 
efficient network operation. The design of efficient RM schemes can then be targeted to 
an optimal trade-off between QoS and GoS (Grade of Service) with respect to spectral 
efficiency, energy efficiency, or other performance measures of interest. The RM 
schemes, as the results, can be considered as static, dynamic, or somewhat hybrid or 
flexible. 

Note that the term QoS is often used to designate a set of parameters which are 
intended to represent measurable aspects of the subjective "perceived quality" but are not 
the causes of this perception. The criteria taken into account by the user to judge a service 
vary with the nature of the service. The criteria involve simple concepts, such as service 
availability, transmission characteristics, and subjective estimates. GoS integrates a 
number of traffic engineering variables used to provide a measure of adequacy of a group 
of resources under specified conditions. These GoS variables may be probabilities of 
traffic losses, for examples, a call being blocked, dropped, or delayed for more than a 
specified time interval. ITU (International Telecommunications Union) E.600 
recommendation, “terms and definitions for traffic engineering,” defines the GoS 
standards as the parameter values assigned as objectives for GoS variables and the GoS 
results as the values of GoS parameters achieved under actual load conditions. GoS 
influences and somewhat represents QoS on the application level of a network system, 
but GoS is less user-oriented than QoS and rather a network performance parameter. Both 
GoS and QoS, however, are related to network resources and are, via the network 
resources, linked to the revenue of the network operations. Hence, the key to efficient 
QoS control and GoS optimization is smart RM. 

Based on the above formulation and discussions, four major areas of RM in advanced 
wireless networks have emerged: CA (Channel Assignment), PC (Power Control), MM 
(Mobility Management), and TM (Traffic Management). These are interrelated, QoS 
sensitive, and can be considered jointly. 
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1.1.2  Channel assignment 

CA encompasses frequency planning and channel reuse methods which have a major 
impact on system capacity and performance (14-19, 21, 22, 48-52). In systems using non-
spreading multiple access techniques, such as FDMA and TDMA, frequency channels 
used in a given cell are typically not used in immediately adjacent cells to avoid 
prohibitive co-channel interference. The frequency planning and channel reuse must 
assure a sufficient spatial isolation so that the cells using the same frequency channels 
will not cause excessive co-channel interference to each other. The main idea behind CA 
schemes is to make use of radio propagation path loss characteristics in order to minimize 
the CIR (Carrier to Interference Ratio) and hence increase spectral efficiency. In the 
meantime, certain QoS aspects, such as the signal quality required for each channel, must 
be respected. CA schemes can be classified as fixed, dynamic, or hybrid (16, 19, 50). 
Fixed CA schemes permanently assign a specific set of channels to each cell according to 
some frequency-reuse patterns, then let the users borrow or compete for one or several 
channels from that set for requested services. Dynamic CA schemes allow the system to 
fully use the pool of available channels, adapted to different system conditions. The 
channels are dynamically assigned to the cells, on demand basis, to satisfy the service 
requests. Hybrid CA schemes combine fixed and dynamic approaches in an efficient way, 
for instance, by using a fixed assignment up to a certain level of system resources and 
then dynamic assignment for the rest. 

In systems using DS-CDMA techniques, the carrier RF band is universally shared 
among users/cells. The frequency-reuse factor is one (or one-cell), and therefore the 
frequency planning can be at ease. If the spreading codes are orthogonal, for example, 
using Walsh and Hadamard codes (51, 52), the interference of other signals to the desired 
signal is theoretically zero after de-spreading. However, this can be achieved only if the 
local de-spreading code is accurately aligned with the arriving code of the desired signal. 
This condition, in turn, is a costly synchronization problem for a practical system. It is, 
not to mention, that even in this case perfect code orthogonality is usually broken by 
multi-path propagation. For those reasons and because the number of orthogonal codes is 
rather limited, also to support statistical multiplexing on physical level, non-orthogonal 
code sets are often adopted. The design of a good non-orthogonal code set, however, 
must keep the cross-correlation between any pair of codes in the code set at any time shift 
as small as possible to minimize other-channel interference. Examples are Gold codes 
and Kasami codes (52-54). The population of these code sets can be considered as 
virtually unlimited, providing that the required minimum length of the code sequences is 
large enough. Thus, each user can be assigned a unique code sequence for the UL 
transmission. 3G WCDMA (Wideband CDMA) systems, such as UMTS (Universal 
Mobile Telecommunications System) and IMT-2000 (International Mobile 
Telecommunications 2000), adopt multi-stage spreading in the following way. Because 
all the channels originating from the same transmitter can be readily synchronized, 
orthogonal codes are used to separate these channels. These channels are then linearly 
combined and multiplied by a transmitter-specific, non-orthogonal code. In general, 
whenever synchronization between channels can be easily maintained, orthogonal codes 
are used; and when asynchronous transmissions are more practical, non-orthogonal codes 
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are used. Considering that simultaneous users should not use the same code channel in 
the same cell and that orthogonal code sets are rather limited, the CA schemes presented 
above may be applied for code channel assignment as well. 

1.1.3  Power control 

PC is another essential area of RM, responsible for setting and maintaining a suitable 
transmit power for each user at all times (13-22, 55-64). PC is used directly to satisfy the 
(1.1) condition under its constraints while not inducing excessive interference to other 
users and systems operating in the same environment. In addition, it is important to 
minimize the power consumption and prolong the battery life of MTs with all possible 
energy conservation tools in the system design (19, 23-28). Essential to PC is on-line 
monitoring of RL performance and adaptation of transmit power to changes induced by 
user mobility and channel impairments. PC can be done in either centralized or 
distributed fashion. The centralized fashion requires a central controller that has a 
complete knowledge of all the radio links and their power levels in the system. In the 
distributed approach, each wireless terminal adjusts its transmit power based on local 
measurements. The PC schemes can be based on a closed-loop feedback control or open-
loop setting, fast or slow. The resource allocation, as a whole, and the performance of 
wireless networks depend heavily on PC and its optimization. Through PC, that is, by 
regularly adjusting the transmit power, the users and the network can perform and interact 
in an efficient manner while making a direct impact on each other physically in term of 
interference. Thus, PC can be used as a vehicle for implementing RM schemes. For this 
reason, PC is considered as fundamental for power-sensitive wireless networks. 

In a CDMA system, due to the fact that all users and cells can use the same universal 
system frequency and that system capacity is interference-limited, sophisticated PC is 
required to combat the so-called near-far effect, resulting from the path loss, and the 
inter-cell interference (13-22, 55-64). It is desired that all user signals, regardless of the 
location of the users in the serving-cell coverage, near to or far from the BS, can be 
received with the same SIR level to maximize the multiple-access capacity. The 
interference from other cells is dealt with in the same manner as the interference from the 
cell itself. 

Recent research has paid a lot of attention and effort to energy-efficient designs for 
advanced wireless networks, developing high-energy-efficiency, low-power-consumption 
radio-access techniques, architectures, and protocol stacks (22-28). This is of increasing 
importance as MTs rely on limited battery energy for their operation, especially when 
running multimedia applications for services that demand extra processing power. 

1.1.4  Mobility management 

MM, including location management and handoff control, enables the network to track 
the location of mobile users to deliver incoming calls, and to handle handoffs to ensure 
continuity of mobile users (16, 19, 21, 65-77). Location management is responsible for 
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locating mobile users and serving cells for incoming calls. Techniques like cell piloting, 
MT paging, location register-and-updating are adopted in mobile cellular systems (16, 19, 
21, 65-67). In advanced wireless networks, the location of mobiles can be monitored on-
line and, based on that, different positioning and location information services can be 
offered. The requirement for inter-system mobility and roaming, i.e., the ability of a 
mobile user to make and receive calls in systems and places other than the home system, 
makes mobility management more complex. Roaming may not be possible unless many 
critical issues, such as location awareness, inter-system similarity or multi-system 
support, detailed service recording, authorization and authentication, are solved. 

Handoff refers to the process of serving-cell change, i.e., shifting the cell and 
resources allocated for a mobile user connection during cell or system crossing. This is 
due to the fact that the decreasing gain of the RL connected to the current cell becomes 
inadequate to maintain the required QoS for the user and, at the same time, the increasing 
gain toward the other cell becomes more favorable. It happens either naturally at some 
point when a user is moving from one cell to another along the road or forcedly by the 
network when there are overlay cells or systems. Handoff control takes care of the 
handoff process and ensures continuity of the service for mobile users desirably with a 
seamless experience. The handoff process can be either user-triggered or network-
triggered, often carried out in four successive phases: measurement, initiation/control, 
CA, and connection shifting. It interacts with and is related to other resource allocation 
schemes, such as PC, CAC, and CA. Thus, a reliable strategy for resource reservation and 
allocation in the event of handoffs is needed in order to provide seamless 
communications under often unpredictable radio resource conditions. For this matter, 
serving priority is usually given to a handoff request against a new request. The handoff 
requests may also be allowed to queue up temporarily if there are not enough resources 
available right away at the destination but eventually in a short time before the call is 
forcedly terminated. The resulting effect of the handoff, in regard to user experiences, can 
be characterized as seamless or hard. The latter involves some performance losses, such 
as packet losses, momentary destruction or interruption, or even forced termination of the 
service. 

The handoff is increasingly important and complex in advanced wireless networks as 
smaller cell sizes, different overlay structures of macro/micro/pico cells and systems can 
be expected in addition to supporting multimedia services and an increasing number of 
users. The underlying problem is that handoff control schemes need to deal with a higher 
handoff frequency and more distributed nature of mobile multimedia connections with 
stricter requirements on QoS and operational costs. One must consider balancing the 
expected number of handoffs and the shifting load, as well as minimizing the handoff 
delay. If the handoff is not carried out quickly enough, the QoS may degenerate to below 
an acceptable level. 

1.1.5  Traffic management 

Together with CA, PC, and MM described above, TM handles access of users and 
transfer of traffic classes over the radio access system to provide an efficient QoS and 



 33

network performance. TM may apply a range of techniques, both basic and advanced, to 
implement the functional requirements as well as to boost up the system capacity and 
performance. CAC, MAC, packet-transmission scheduling, and congestion control are 
essential to TM (19-22, 31-43, 78-79). 

Historically, the demand for wireless communications has consistently exceeded the 
capacity of wireless networks and the underlying technologies. If there are too many 
users in the system, the resource allocation cannot find enough resources to serve all 
users simultaneously, that is, to achieve their target SIR at all times as indicated in the 
condition (1.1). The choices of which, what and how users can be served are the matters 
of network policies with certain constraints and conditions. CAC, MAC, packet 
scheduling, and congestion control schemes jointly provide means of utilizing the 
available radio resources of each cell in the system to achieve the highest spectral and 
energy efficiency. In interference-limited CDMA systems, these schemes, together with 
PC, are used to keep the MAI (Multiple Access Interference) level in control for 
maximizing system capacity and performance. This is also referred to as interference 
management or load control problem (15-19, 21-22, 78). 

The congestion control, dealing with traffic redundancy or overflow situations, and 
packet scheduling, providing an in-order transfer of data packets among users, are 
somewhat familiar concepts studied also in fixed networks (37-39). However, in wireless 
networks, congestion control and packet scheduling may have to cope with additional 
problems due to excessive random packet losses, delays, and delay variations over radio 
links, and also a shifted load from prioritized handoffs. Furthermore, the diverse QoS 
requirements in supporting multimedia applications add new challenges to the design of 
efficient congestion control and scheduling schemes as well. 

In advanced wireless networks, CAC makes the system environment more stable for 
other schemes to operate in and prevents congestion situations, in which congestion 
control actions can result in hard traffic losses or even system resets. Intelligent 
scheduling schemes are often embedded in MAC for efficient QoS support. MAC and 
CAC problems are presented next as for the focus areas of this thesis. 

1.2  Focus areas defined 

1.2.1  Medium access control 

In wireless networks, while multiple access techniques such as FDMA, TDMA, and 
CDMA provide means of allowing a number of users to share the transmission medium 
simultaneously, MAC schemes govern the users in accessing and transmitting on the 
common medium on a radio packet basis. MAC is needed in order to avoid or resolve 
possible contention or collision whenever more than one independent user attempt to use 
the same resource or channel at the same time. Since the first MAC scheme, called 
ALOHA, invented by the University of Hawaii in 1970 for data and satellite 
communications (80), many MAC schemes have been proposed and developed (81-86). 
MAC schemes can be classified in numerous ways. For example, based on access 
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methods or operation modes, MAC schemes are classified as random, scheduled, or 
hybrid access. In random access, there is no coordination among the users. In this case, 
MAC is basically simple. It allows a virtually unlimited number of users to compete for 
the common channel which may result in high collision probability, low spectral 
efficiency and induce excessive delays. The ALOHA schemes are typical examples of 
random access, also referred to as repeated random access. In scheduled access, users are 
scheduled to transmit within an allotted bandwidth or time interval, which in turn can be 
fixed or demand-assigned. This case requires a coordination of the users, often serving 
with a hard limit in the number of users. FDMA/TDMA fixed-assigned schemes are good 
examples of scheduled access. Hybrid access is a combination of both random access and 
scheduled access, or somewhat in between. Examples are random reservation schemes. 
CDMA-based schemes are often considered as hybrid access (17). In principle, a large 
number of users, each being assigned a unique code channel, can transmit simultaneously 
in an uncoordinated fashion without contention. However, if the number of simultaneous 
users rises above a certain threshold, contention will occur. 

MAC is of fundamental importance to PRN which is responsible for an efficient and 
fair sharing of scarce radio resources while providing packet access services to wireless 
data users. The random and bursty nature of data users makes random or hybrid MAC 
schemes more attractive to PRN, not to mention their simplicity or flexibility. Those 
schemes based on DS-CDMA techniques have drawn a lot of attention lately as DS-
CDMA has emerged as a dominant technology of 3G cellular systems. The recent 
convergence of fixed and wireless services has raised new requirements and challenges, 
also leading to more complex MAC schemes for an efficient QoS support in an integrated 
multimedia wireless system. The performance of MAC schemes is traditionally evaluated 
by the throughput, defined as the average number of radio packets successfully 
transmitted per unit time, and the average packet delay experienced by a radio packet. 
However, additional measures can be introduced to investigate the performance against a 
range of concerns, such as spectral efficiency, energy efficiency, and performance 
sensitivity to different factors in the system design and QoS. The performance 
characteristics, however, may exhibit significant losses due to contention, burst errors, or 
fading impacts of the hostile radio channel, imperfection of control or support 
mechanisms coexisting in the system such as PC, carrier or channel sensing, etc. It is 
interesting and inspiring to learn that many works, which attempt to investigate and solve 
MAC issues for various wireless systems, have been reported in the literature so far (13-
38, 80-159). However, many problems and challenges still remain, especially in the 
integrated context of efficient RM for advanced wireless networks. This context can be 
specified with the following goals: to mitigate interference and increase spectral 
efficiency; to minimize power consumption and prolong battery life of MTs; and to 
maintain QoS over wireless environments by adapting to user movements and channel 
impairments. Thus, one of the focus areas of this thesis is the analysis and synthesis of 
adaptive MAC schemes for centralized DS-CDMA PRN, in regard to optimal trade-offs 
of the goals listed above. 
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1.2.2  Call admission control 

In conjunction with the other essential RM schemes presented above, CAC is needed in 
order to prevent congestion and ensure stability and adequate QoS in advanced wireless 
networks, as the number of users and demands for services increase while the system 
capacity is constrained. CAC denotes the decision process of a wireless network to accept 
or reject a new call request. The decision is made depending on the available system 
capacity to cope with the required QoS and possible impacts imposed by the new user on 
the existing ones. Thus, through knowledge of the current system conditions and profile 
characteristics of the users, requested services and network policies, CAC acts in the 
same way as the passenger check-in process of an airport system. The new call request 
can be considered for a mobile user either initially arriving or being handed off, in short, 
a new call or a handoff call. This necessitates a continuous control in CAC due to the user 
mobility and dynamic nature of the resource availability at each serving cell of the 
system. The RF bandwidth is the most precious and scarce resource in cellular networks. 
Thus, CAC may base its decision on and for an optimum utilization of radio resources, in 
line with the resource allocation strategy of the system (15-19, 21-22, 48-50, 78-79, 160-
193). From an operational point of view, CAC schemes can be divided into static or 
dynamic classes. In static CAC, a call request is accepted only when sufficient dedicated 
resources are available to meet its required QoS. Examples are CAC schemes of fixed-
assignment cellular systems. In dynamic CAC, on the one hand, a new call may be 
admitted into the system even if instantaneous QoS is violated but, when averaging out 
over system states in the long run, the required performance can be met. On the other 
hand, a call request can be rejected even if the system at that time is able to satisfy its 
required QoS. Thus, dynamic CAC allows implementing various traffic regulating and 
operation support policies. One may also argue in favor of a hybrid class of CAC 
schemes because of the following two reasons at least. First, CA schemes underneath 
CAC can be hybrid as described in Section 1.1.2. Second, wireless systems like those 
based on CDMA have virtually no hard capacity limit. 

However, CAC must be simple and flexible to guarantee a fast response to multiple 
and, in multimedia wireless networks, diverse QoS requests of mobile users during a 
connection setup of new or handoff calls. CAC directly affects the chances of calls being 
blocked or dropped and so also the serving capacity of wireless systems in terms of the 
number of users. The performance of the CAC schemes can therefore be evaluated by the 
blocking probability, also referred to as the service denial probability (19), and the 
dropping or handoff-failure probability, also referred to as the service interruption 
probability (19). These determine the GoS and Erlang capacity of the system. The 
simplicity of CAC has been taken for granted in legacy FDMA/TDMA systems. It often 
relies on a static sharing of a limited number of available channels to accommodate the 
users; each is allocated a channel from the separate channel pools of UL and DL on a per 
call basis. In advanced wireless systems supporting multimedia services, different users 
come with different bandwidth demands and QoS requirements. QoS provisioning is ever 
more complex as the available system bandwidth is inherently insufficient and 
unpredictable, considering rather limited radio resources, user mobility, interference and 
fading impacts, etc. This is not to mention the need of the network operator to configure 
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and manage each serving system scenario where traffic is regulated and QoS is 
differentiated as desired for maximizing the revenue of network operations. Issues such 
as traffic characterization and prioritization, resource partitioning, allocation and 
conservation, and, in particular, CAC are therefore posing many new challenges. The 
second focus area of this thesis is on the analysis and synthesis of CAC schemes for 
advanced mobile cellular networks. The author addresses some problems and practical 
solutions of CAC for an efficient GoS management, and also provides accurate and 
traceable analytical methods for evaluating, dimensioning, and optimizing the teletraffic 
performance of multimedia wireless systems. 

1.3  Aim and contribution of the thesis 

“To raise new questions, new possibilities, to regard old problems from a new angle 
requires creative imagination and marks real advance in science” (Einstein, 1938). In 
this regard, the ultimate aim of this thesis is to present the author’s own contributions to 
the knowledge of the RM problem in advanced wireless networks. In particular, the 
contributions are made for the two focus areas, MAC and CAC, defined above. 

In spite of the substantial amount of research efforts invested in studying the RM 
problem in wireless networks and the enlightening results reported on MAC and CAC so 
far, there are still many open issues and problems in the areas of interest. The main 
objectives of this thesis include: 

− To address some open issues and problems on MAC and CAC in the integrated 
context of RM in advanced wireless networks; 

− To introduce new concepts, new MAC and CAC schemes for enhancing and 
optimizing wireless network performance; 

− To provide effective analytical methods for evaluating MAC and CAC schemes as 
well as wireless network performance; 

− To demonstrate the author’s ability to perform research, e.g., his understanding of the 
subject and his ability to conduct and present the research results as a “contribution 
to knowledge.” 

This thesis presents seven separate contributions: four on adaptive MAC schemes for 
centralized PRN, shortly referred to as SPA (Smart Packet Access) 1-4; and three on CAC 
schemes for advanced mobile cellular networks, shortly referred to as SCA (Smart Call 
Admission) 1-3. These have been published in the eighteen original publications, Papers 
I-XVIII. The relationship between the contributions and the publications is summarized 
in Table 1. 
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Table 1. Relationship between contributions and publications. 

MAC CAC Papers  
SPA1 SPA2 SPA3 SPA4 

 
SCA1 SCA2 SCA3 

I B        × 
II* J ×        
III* J   ×      
IV C ×        
V C      ×   
VI C       ×  
VII* C      ×   
VIII* C        × 
IX* C       ×  
X C       ×  
XI C  ×       
XII* C  ×       
XIII C   ×      
XIV C   ×      
XV C  ×       
XVI C  ×       
XVII C    ×     
XVIII* C    ×     
B: book chapter; J: journal papers; C: conference papers; those marked with * are selected for reprint in the 
appendices. 

The following provides a short overview of each contribution. 

1. SPA1: Implementation losses in adaptive feedback-control MAC schemes 

This contribution provides a study of implementation losses in FCSI (Feedback 
Channel State Information) based MAC schemes for centralized quasi-asynchronous 
DS-CDMA PRN. The motivation behind these schemes is to control the packet 
access in the UL by statically or dynamically changing TPP (Transmission 
Permission Probability) depending on FCSI. This keeps the system load, that is, the 
MAI of the UL, under a certain threshold or outage level for maximizing the system 
throughput. Different probabilistic functions of FCSI for controlling TPP are 
introduced and investigated. 

The contribution herein is twofold. First, it provides a performance analysis of the 
system taking into account the effects of feedback delay, access delay, and imperfect 
channel sensing of FCSI simultaneously, which has not been considered before. 
These effects are referred to as system imperfections. The system sensitivity 
functions are introduced to characterize the relative performance losses due to 
system imperfections, which are also referred to as implementation losses. The trade-
offs between the average system throughput, packet delay, and outage probability in 
the presence of system imperfections are discussed based on a number of queuing 
system models and numerical results. Second, it shows that using a smart 
probabilistic function of FCSI for dynamically controlling TPP in a MAC operation 
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allows the system not only to outperform the ALOHA and static counterparts, but 
also to tolerate high degrees of system imperfections. This method is referred to as 
SPP (Smart Packet Persistence). The SPP thus significantly enhances the robustness 
of PRN over system imperfections, for example, with up to 15% of the false alarm 
rate in sensing FCSI and an access timing delay of 20% of the mean packet service 
time. This contribution is detailed in Papers II and IV. 

2. SPA2: Efficient MAC scheme with adaptive bit rate 

In centralized DS-CDMA PRN, a high uncertainty of radio channel and PC 
inaccuracy can cause severe performance degradations. The dependences between 
the path loss characteristics, user location diversity, transmit power and processing 
gain of packet transmissions with different bit rates can be exploited. This is in order 
to compensate for the PC problem of DS-CDMA PRN and mitigate interference; and 
thus enhance system capacity, coverage, and performance including the energy 
efficiency of mobile users. 

Thus, a location-dependent bit rate adaptation, referred to as SPR (Smart Packet 
Rate), is proposed. The SPR adapts the user bit rate to the distance between the MT 
and the serving BS while allowing the transmit power of all users to be kept within a 
small range of a preset target throughout the cell. That is, the higher the bit rate, the 
nearer the users are to the BS according to a specified power location rate 
distribution. By using both theoretical analysis and simulation, we show that the 
proposed SPR system gains a significant improvement in throughput-delay trade-offs 
compared to the non-adaptive counterpart having the same coverage, offering traffic 
and QoS requirements. The SPR substantially reduces the headroom of PC and 
stabilizes the transmit power of MTs. This, in turn, reduces the peak transmit power 
and power consumption of MTs, as well as the inter-cell interference. The SPR 
therefore significantly enhances spectral and energy efficiency. The SPR is gradually 
developed and evaluated in Papers XI, XII, XV and XVI, considering various system 
scenarios, models, parameters and their impact on the system performance. This has 
led to the development of new concepts, such as “green wireless networks” reported 
in Paper XV, and analytical methods to deal with the complex dynamics of multi-
user multi-rate wireless systems including stochastic fluctuations of radio channel 
and multiple-access capacity, traffic load, user spatial distributions, user mobility, 
and PC inaccuracy. These can be claimed as additional contributions as well. 

3. SPA3: Efficient MAC scheme with adaptive packet length 

The impact of highly erratic radio channels (i.e., fading impacts) often causes serious 
performance losses to PRN. In this regard, the length of the radio packets transmitted 
over the air, in bits or octets, matters. That is, the smaller the length, the better the 
chance of a successful packet transmission over a fading radio channel and, at the 
same time, the heavier the protocol overhead. 

This contribution, based on both theoretical analysis and simulation, shows that in 
burst-error correlated fading environments adapting the length of radio packets to 
channel conditions significantly improves system performance in terms of 
robustness, spectral and energy efficiency. This adaptation is referred to as SPL 
(Smart Packet Length). DS-CDMA PRN is also used as the core system for the 
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investigation approach, similarly as in the previous contribution. The channel model 
is adapted to low user mobility in PRN applications. First, based on a study of the 
interrelations between the burst-error or second-order fade statistics, packet length, 
packet-header size, and their impact on the effective throughput, alternative cost 
functions are developed and optimal packet lengths are derived. Then, a performance 
analysis of the adaptive SPL system is carried out, in comparison with the non-
adaptive counterpart. The SPL is gradually developed and evaluated in Papers III, 
XIII and XIV. The SPL is also found in Paper XVIII for an optimal performance of 
end-to-end applications. The SPL is adopted to further enhance the robustness of 
packet transmissions over correlated fading channels and, at the same time, the 
effective throughput over the protocol overhead. Furthermore, similar claims for 
providing advanced analytical methods as described in the previous contribution are 
also valid for this contribution. 

4. SPA4: Adaptive MAC schemes for optimal trade-offs between throughput and 
energy efficiency of TCP applications 

TCP (Transmission Control Protocol) is a reliable transport layer protocol for end-to-
end flow and congestion control. TCP currently carries the largest amount of traffic 
on the Internet. The convergence of fixed and wireless services, especially the 
increasing popularity of wireless Internet access, expects that TCP applications also 
work well in wireless environments. TCP is optimized for wired networks. In 
wireless networks, TCP exhibits performance degradation because of random packet 
losses, unpredictable delay, and delay variation over RL. Furthermore, the battery 
energy conservation for MTs, operating such applications more often and for a longer 
period, is an important factor to ensure service success. 

This contribution develops adaptive MAC schemes to achieve optimal trade-offs 
between TCP throughput and energy efficiency over burst-error correlated fading 
channels in CDMA systems. Both HSPA (High-Speed Packet Access) and LSPA 
(Low-Speed Packet Access) with RL retransmission-and-error-control protocols are 
studied. By using both theoretical analysis and simulation, this contribution shows 
that in HSPA adapting the retransmission period of erroneous radio packets to the 
channel conditions significantly reduces the number of retransmissions while 
maintaining an adequate TCP performance. This method is referred to as SPD (Smart 
Packet Dispatching). The SPD schemes are derived based on the development and 
optimization of alternative cost functions, which represent the balance of a high 
throughput and low waste of energy in RL error recovery. In LSPA, the SPL, based 
on the previous contribution, is adopted to significantly improve the system 
performance. The SPL scheme herein is derived from a new cost function developed 
for an optimal trade-off between TCP throughput and power consumption. The SPD 
and SPL are capable of overriding the burst-error states of correlated fading channels 
and therefore enhance the robustness of radio transmissions and allow the system to 
operate with a much lower fade margin and transmit power. Furthermore, the SPD 
and SPL improve the energy efficiency and system performance without a need of 
excessive signal processing. This contribution is reported in Papers XVII and XVIII. 
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5. SCA1: Performance analysis of a class of fixed channel assignment CAC with 
generic guard channel policy and queuing priority handoffs 

This contribution provides a simple and accurate analytical method for performance 
evaluation of a class of fixed-assignment CAC schemes with generic guard channel 
policy and queuing priority handoffs in mobile cellular networks. The handoff 
requests are allowed to queue up if upon their arrival no idle channel is found. The 
handoff dwell time, i.e., the time period needed for the mobile to pass through the 
handoff area or maximum handoff waiting time, is modeled as a general random 
variable and not just exponential as in earlier works. The new call requests are 
accepted according to a generic guard channel policy giving priority to handoff calls. 
Thus, a virtual number of guard channels are reserved for handoff calls in an 
effective and generic fashion, in which new calls are rejected with a certain 
probability depending on the number of occupied channels. The effect of cell sizes 
and random user movements on the handoff rate is taken into account. The analytical 
model is developed based on a birth-death process with state-dependent Poisson 
arrivals, state-dependent decomposed service time, multiple servers, finite or infinite 
handoff buffer and generic handoff impatience until the beginning of service. The 
measures of interest include the probabilities of a forced termination of a handoff 
call, handoff failure, and new call blocking. The closed-form solutions are obtained. 
The results show that there is a significant difference in the probability of a forced 
termination of a handoff call regarding different PDFs (Probability Distribution 
Function) used for modeling the handoff dwell time. The deterministic one provides 
a lower bound for the loss probability. The results also show that it may not 
necessarily require a large buffer size for queuing handoffs. The suitable queue size, 
however, still depends on the offered load. This contribution is presented in Papers V 
and VII with results for micro and macro cellular systems, respectively. 

6. SCA2: Simple and efficient soft-decision CAC for CDMA cellular networks 

This contribution proposes a SCAC (Soft-decision CAC) scheme for CDMA cellular 
networks. This exploits the soft-capacity feature of CDMA systems by using a 
probabilistic decision for admitting calls, adapted to interference fluctuations to 
compensate for QoS, while expanding the admissible region to accommodate more 
users. This method not only offers a notable enhancement of the GoS and Erlang 
capacity, but also avoids complex measurements and mutual exchanges of 
information between adjacent cells about the states of the network. This is therefore a 
simple, scalable, signaling, and cost-effective method. 

This contribution is twofold. First, alternative probabilistic decision functions are 
developed for SCAC, i.e., using Gaussian and Incomplete Gamma PDF adapted to 
the inter-cell interference distribution. Second, a simple and reliable method for 
evaluating SCAC against fixed-assignment and measurement-based CAC schemes is 
provided. The analytical model is developed based on a stochastic loss network 
model with an introduction of the so-called scaled effective bandwidth. This 
represents the fluctuating load factors of both the connection and cell basis. The 
priority handoff and user mobility are also considered, based on the previous 
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contribution. Numerical and simulation results are provided. This contribution is 
presented in Papers VI, IX and X with supplementing results. 

7. SCA3: GoS management for multimedia CDMA cellular networks 

For the deployment of multimedia cellular networks, such as 3G CDMA systems 
serving with various user profiles and system scenarios, there is a need for a simple 
and flexible mechanism that allows the operator to manage rather complex network 
operations and performances in an efficient way. That is to optimize the GoS and 
revenue while providing adequate QoS to mobile multimedia users. This contribution 
defines the GoS for multi-user multi-service cellular systems as a cost function built 
upon a linear combination of the probabilities of a new call blocking, handoff failure, 
and loss of communication quality. The weighting factor of each argument in the 
GoS cost function depends on service and user profile characteristics. This 
contribution, through incorporating alternative QoS differentiation paradigms and 
resource partitioning into CAC, provides an in-hand tool for efficient capacity and 
teletraffic management. It introduces different user prioritization and load-based 
traffic-shaping schemes for GoS provisioning and optimization. The CAC schemes 
and analytical methods of the previous contribution are further developed and 
expanded for an integrated multi-class multi-service system. It is shown that the 
SCAC exhibits further advantages in maintaining a good and stable GoS 
performance over a large range of offered traffic with various multimedia traffic 
patterns. Furthermore, an asymptotic quasi-stationary analysis of the remaining free 
capacity over a sustained period of time, left for best-effort packet services for 
instance, is provided. This is important for the design of effective MAC schemes 
capable of making use of the available system capacity effectively for the 
background packet access users while not affecting the QoS of the ongoing 
connection-oriented users. Examples of such adaptive MAC schemes are also 
presented. The analytical model is based on a stochastic, multi-priority, multi-rate 
loss network system. Extensive numerical and simulation results are provided. This 
contribution is reported in Papers I and VIII. 

The applications of the above contributions can be recognized, for example, in most 
recently enhanced concepts of the radio access systems in UMTS and IMT-2000 
standards, and tools for cellular network planning, dimensioning, and management (22). 
These can also be used for future wireless networks in both military and industry and 
towards building the mobile Internet (6). 

1.4  Organization of the thesis 

This thesis is presented as a collection of articles based on the eighteen original, peer-
reviewed papers of the author, Papers I-XVIII. Seven of them, the most representative 
papers, are selected for reprint in the appendices. The presentation style is carefully 
thought of to support the thesis intents, i.e., to highlight the author’s contributions and 
make it accessible to a broad readership as a book. This introductory chapter, so far, has 
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provided the motivations, defined the focus areas, and outlined the contributions of the 
thesis. The rest of this thesis is organized as follows. 

Chapter 2 provides a literature survey of MAC and CAC schemes confined to 
advanced cellular systems. It discusses the most common design properties and 
performance measures, classifies and surveys the most relevant, up-to-date schemes that 
have been reported in the literature for MAC and CAC, respectively. 

Chapter 3 summarizes the main contributions of the thesis. It provides the insights of 
the main problems, claims, approaches, results, and conclusions making up each of the 
contributions, as well as for the reading of the original publications, Papers I-XVIII. 
Chapter 3 is further divided into two sections, one for SPA and one for SCA. 

Chapter 4 concludes the thesis by providing commentary remarks on its main results 
and contributions. Some directions for future research are also provided. 



2 Literature survey 

This chapter reviews the literature on MAC and CAC schemes confined to centralized 
PRN and advanced cellular networks. It starts with a capacity provisioning of basic 
FDMA/TDMA and DS-CDMA cellular systems, as the capacity of multiple-access 
systems is of great importance to the design of effective RM schemes and the 
corresponding parameter setting. It then discusses the most common design properties 
and performance measures, classifies and surveys the most relevant, up-to-date schemes 
for MAC and CAC, respectively. This chapter, however, is not intended to perform an 
extensive coverage of the subjects. To remind the readers, the working assumption, as 
stated in Chapter 1, is mainly focusing on the multiple-access channel in the UL of FDD 
DS-CDMA cellular networks. 

2.1  Capacity provisioning of cellular systems 

The capacity of a communications system can be defined in a number of ways. Provided 
that there is only one class of users, the most straightforward definition of the capacity is 
the maximum number of users that can be served simultaneously in the system. However, 
the dynamic nature of the system conditions and offered load has a significant impact on 
the actual capacity of the system. In cellular networks, the channel capacity, defined as 
the maximum number of channels or users that can be provided in a fixed RF band (16, 
19, 21), is one of the most essential system parameters. The spectral efficiency of a 
wireless system is determined by the required CIR or SIR and the channel bandwidth. 
Depending on the statistics of the offered load and the characteristics of the users, for 
example, how calls or packets arrive at the system for service and how the system 
handles them, the Erlang capacity, the system throughput, and other performance 
measures can be derived. 
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2.1.1  Radio propagation model 

The propagation of radio signals through a physical channel is subjected to path loss, 
long-term shadowing, and short-term fast fading. Provided perfect knowledge of the 
surrounding environment, the channel attenuation can, in theory, be calculated (12, 16, 
46). This is impractical and prohibitively complex in most cases. Thus, one has to rely on 
a propagation model, which provides a simplified, statistically close description of the 
channel attenuation, i.e., the path gain of the RL in the system under investigation. 

The received signal power Prx can be expressed as the transmitted power Ptx multiplied 
by the path gain g: 

gPP txrx = . (2.1) 

The path gain g is often given as the product of three separate components: gp for path 
loss; gs for long-term shadow fading; and gf for short-term fast fading: 

fsp gggg = . (2.2) 

However, the path gain model can also incorporate additional gains produced by smart 
solutions of the transmitter and the receiver as noted in Chapter 1 Section 1.1.1. The free-
space path loss is usually the dominating factor, especially in satellite communications. It 
also causes the near-far effect in CDMA systems. It is modeled as 

α−= rCg pp , (2.3) 

where Cp is a constant, which depends on the gain at the receiving antenna and the 
wavelength of the radio signals; r is the distance between the transmitter and the receiver; 
and α is the environment-dependent propagation path-loss exponent, ranging from 2 to 5 
(12-19). For cellular systems, Gilhousen (160) suggests the value of α around 4. 

The long-term shadow fading is most often modeled as a lognormal distributed RV 
(Random Variable) (12-19): 

10/10ξ=sg , (2.4) 

where ξ is the attenuation in dB as a zero-mean Gaussian RV having a mean of zero and a 
standard deviation of 8 dB as suggested by the Okumura-Hata model (194-195). This 
model assumes that two consecutive samples of the long-term shadow fading are 
independent. There are more sophisticated models taking into account, for example, the 
speed of user movements and the correlation distance representing the size of obstacles 
(196-197). 

The short-term fast fading, and as a result of that the superposition of multi-path 
propagation of the transmitted signal causes rapid, stochastic fluctuations in the 
amplitude of the received signal, is often modeled as a Rayleigh, Rician, or Nakagami 
process (12, 16, 44-46, 198-205). The Rayleigh distribution is most extensively used in 
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the literature, assuming that the received signal has no strong light-of-sight component. In 
this regard, Jakes’ original work (12) is one of the most cited references. The fast fading 
can cause local deep fades in the allocated frequency spectrum. This can be devastating, 
especially in narrowband systems. In wideband systems, sometimes the gain can be larger 
than 1 (44-46) or, that is, 0 dB when multi-paths constructively interfere. 

The multipath propagation may result in shifting or spreading of the signal in three 
different dimensions: delay spread in time, Doppler spread in frequency, and angular 
spread in space (12, 16, 44-46). The delay spread is due to a frequency-selective channel 
when the bandwidth of the transmitted signal is greater than the coherence bandwidth of 
the channel. The coherence bandwidth is defined as the maximum frequency separation 
for that the channel impulse responses at two separate frequencies remain strongly 
correlated. The delay spread causes ISI (Inter-Symbol Interference), which is considered 
as a distortion of the adjacent symbols at the receiver. The Doppler spread is due to a 
relative motion between the transmitter and the receiver, that is, the Doppler effect. The 
Doppler spread is inversely proportional to the coherence time, defined as the maximum 
time separation for that the channel impulse responses at two time instances remain 
strongly correlated. The angular spread refers to the distribution of the angle-of-arrival of 
multipath components at the receiver and the angle-of-departure at the transmitter in [0, 
2π]. This is caused by a spatially selective channel and is inversely proportional to the 
coherence distance. The coherence distance, normalized by the carrier wavelength, 
determines the maximum spatial separation for that the channel impulse responses at two 
antennas remain strongly correlated. One can find profound details on the radio 
propagation and modeling issues of multi-dimensional fading channels in (12, 16, 44-46). 

The spreading of signals in multipath fading channels have been exploited in different 
diversity techniques, in which the user signal is sent/received with multiple copies to 
increase the robustness of radio transmissions. Diversity and PC are considered as direct 
methods to combat the impact of fading, especially deep fades. In CDMA systems, a 
RAKE receiver, capable of receiving and combining multipath signals over frequency-
selective fading channels, provides an effective means of implementing the reception 
diversity and stabilizing the path gain of an RL (22). 

2.1.2  Capacity of FDMA/TDMA systems 

The total number of simultaneous channels that can be supported in an FDMA/TDMA 
system is given by 

c

guardt

B
BBm

N
)2( −

= , (2.5) 

where Bt is the total bandwidth allocated to the system, Bguard is the guard bandwidth at 
each size of the allocated RF band, Bc is the channel bandwidth, and m is the number of 
time slots per channel. The capacity of FDMA/TDMA systems is bandwidth-limited and 
has a hard constraint. 
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The cellular structure is assumed to consist of a number of uniform hexagonal cells as 
depicted in Figure 2. The frequency reuse pattern allocates a subset of the total number of 
frequency channels to a particular cell and different subsets to neighboring (and nearby) 
cells in such a way that all the available channels are assigned to a relatively small 
number of neighboring cells forming a cluster. This is repeated with clusters placed side-
by-side to cover the service area, meaning that any of two co-channel cells are spatially 
separated by a minimum distance to ensure a tolerable co-channel interference as a 
function of path loss. This is characterized by the co-channel reuse ratio, defined as the 
ratio of the minimum distance between two co-channel cells to the cell radius. The 
channel capacity of an FDMA/TDMA cellular system, channels/cell, is defined as 

k
NC = , (2.6) 

where k is the number of cells in a cluster of the frequency reuse pattern. For a numerical 
example, let us consider a GSM (Global System for Mobile Communications) system, 
which has a system bandwidth of 1.2 MHz divided into channels of 200 kHz and then 8 
slots per channel for 8 users. In this case, k = 7 as shown in Figure 2 and the channel 
capacity is obtained with about 1200/200×8/7 ≅ 7 users per cell. 

Fig. 2. Illustration of cellular structure and frequency reuse pattern. 
The Erlang capacity of the system can be estimated based on the trunk system concept, 
which allows a large number of users to share the limited number of channels in a cell by 
providing a channel to each user upon their arrival from the pool of available channels in 
FCFS (First Come First Serve) fashion (16, 19, 37, 211-213). The statistics of the user 
behavior such as the user arrival and channel –holding time processes determine the 
offered traffic intensity of the system. There is a trade-off between the number of 
available channels and the likelihood of a particular user finding that no channel is 
available upon their arrival during a peak traffic period. This can be exploited and utilized 
for the design of efficient CAC. 
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There are two basic types of trunk systems: BCC (Blocked Calls Cleared) and BCD 
(Blocked Calls Delayed) (16, 19). The BCC systems offer no queuing for call requests. 
The BCD systems, on the other hand, allow the call request to queue up if there is no 
channel available. Providing that the call inter-arrival time and channel holding time, i.e., 
the service time, are exponentially distributed, the BCC and BCD systems can be 
modeled as M/M/C/C and M/M/C/∞ queuing systems leading to the Erlang-B and 
Erlang-C formulas, respectively (16, 19, 37, 211-213). Let us use the following notation: 

− The call arrival is according to the Poisson process with total rate λ; 
− The channel holding time is exponentially distributed with mean 1/μ; 
− The offered traffic intensity is A = λ/μ; 
− The channel capacity of the system is C. 

The Erlang-B formula determines the probability that a call is blocked, and is given as 

∑
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The Erlang-C formula determines the probability of a call not having immediate access to 
a channel, and is given as 
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The formula (2.7) defines the GoS of the BCC systems. In the BCD systems, the GoS is 
often measured by the probability that the call is dropped after waiting for a specific 
amount of time, t, in the queue. 

))(exp(}Pr{}Pr{}Pr{ tACdelayingtdelaydropping μ−−=>= . (2.9) 

The average delay D for all calls in the BCD system is given by: 

μ)(
1}Pr{
AC

delayingD
−

= . (2.10) 

In an FDMA/TDMA cellular system, a mobile user can communicate with only one BS at 
any time and different radio channels need to be assigned during a hard handoff. From 
the user perspective, handoff failure and forced termination of a call, as the result, is more 
annoying than a new call attempt being blocked occasionally. This leads to different CA 
strategies in the event of handoffs which often prioritize handoff requests over new call 
requests when allocating channels in a cell site. For example, the following two policies 
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are often adopted to give priority to handoff calls: GC (Guard Channels) and QH 
(Queuing Handoffs). 

In GC, a fraction of the channel capacity in a cell is reserved exclusively for handoff 
calls. This reservation, however, may reduce the total carried traffic of the system and 
lower the utilization of the scarce radio resources. 

In QH, queuing of handoff requests is utilized to make time for the handoff process in 
case there is no free channel available momentarily at the destination cell. However, the 
mobile may pass through the handoff area, meaning that the signal level drops below a 
minimum threshold, before getting a new channel. Thus, the waiting time for a handoff 
request can run out and the call is then forced to terminate. The finite time interval from 
the instant the handoff is initiated to the instant the call must be handed off or dropped is 
referred to as the handoff dwell time. The queuing of handoff requests decreases the 
chances but does not guarantee zero probability of handoff failures. 

In the above analysis, the offered traffic intensity is composed of new and handoff 
calls. The cell size structure and user movement have an impact on the handoff statistics. 
The Erlang capacity of FDMA/TDMA cellular systems is given as the maximum number 
of users that can be offered a minimum GoS with a particular configuration of the fixed 
channels. 

2.1.3  Capacity of CDMA systems 

Unlike FDMA/TDMA systems, CDMA systems are interference-limited and have no 
absolute limit on the number of users. The system performance gradually degrades for all 
users as the number of users and MAI is increased. To ensure quality of radio 
transmissions in CDMA systems, a lower bound of SIR, also referred to as the SIR target, 
is required to restrict a maximum number of users in the system. This follows the 
condition (1.1). The capacity in CDMA cellular systems varies with environmental 
factors, such as cell coverage, path gain under PC, and interference caused by the load in 
neighboring cells. This is due to the unique characteristics of CDMA cellular systems, 
including one-cell frequency reuse, PC, soft handoff, and multidimensional diversity with 
exploiting multipath propagation, sectorization, and data-source activity of the user 
nature (10, 15-19, 21-22). 

There is a substantial amount of literature studying the capacity of CDMA cellular 
systems (10, 15-19, 21, 22, 29, 30, 160-168). One of the most commonly accepted 
models for deriving channel capacity in CDMA cellular systems is originally 
demonstrated in Gilhousen (160). The system is assumed to consist of uniform hexagonal 
cells with one-class voice users and perfect PC. The maximum number of users per cell is 
calculated for both single-cell and multi-cell system scenarios, considering intra-cell or 
own-cell and inter-cell or other-cell interference. It shows that other-cell interference can 
be approximated by own-cell interference multiplied by a ratio factor. The sectorization 
and the on-off activity of voice users are considered as capacity improvement factors. The 
outage probability is defined as the probability that the required BER (Bit Error Rate) 
performance is not met, which is equivalently mapped on the condition of the RL quality 
similar to (1.1) not being satisfied. The Erlang capacity is also studied in (6, 161). It 
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considers that a call arrival is blocked when the total interference of the given cell, 
normalized by the background noise level, exceeds some predefined threshold (i.e., 10 
dB). This “soft blocking” condition depends on the soft capacity of the CDMA system, in 
contrast to “hard blocking” of the FDMA/TDMA system when there is no free channel. 

The capacity of multirate CDMA systems for supporting multimedia services is 
investigated in (21-22). That whether the UL or the DL capacity is the bottleneck depends 
on the symmetry and balance of the user applications and traffic distributed between 
them. For example, emerging data services with applications like interactive web 
browsing or real-time multimedia downloading can cause UL-DL traffic imbalance and, 
in this case, the DL capacity becomes the bottleneck. The recent HSDPA (High-Speed 
Downlink Packet Access) concepts in UMTS and CDMA2000 have been developed to 
cope with such applications, tailored for TCP/IP based and broadband mobile Internet 
access (130-136). The impact of imperfect PC, soft handoff, different diversity 
techniques, QoS requirements, and RM schemes on the capacity of CDMA systems have 
been the subjects of many recent studies (19, 21, 22, 162-168). However, the common 
sense is that user transmission with a higher bit rate must be provided with higher 
resource capability in terms of code channel power and transmit power. The resource 
allocation for best-effort data users has to adapt to the remaining capacity left by 
guaranteed users, such as real-time voice/video calls. 

Based on the above discussions and references, the following provides a simple and 
insightful capacity provisioning of DS-CDMA cellular systems, focusing on the UL. The 
following notation is used in addition to what has been defined so far: 

− W denotes the chip rate or the spreading bandwidth of the system; 
− Rj denotes the bit rate of user j among N active users in the same cell, j∈{1, 2, ..., N} 

The ratio of received energy per bit, Eb, to interference-plus-noise density, I0, for user j is 
expressed as the product of processing gain W/Rj and received SIRj: 
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where Prx,j is the received signal power of user j and Itotal is the total received wideband 
power at the BS. Itotal includes own-cell interference Iown generated by N active users in 
the same cell, other-cell interference Iother generated by active users in neighboring cells 
and background noise N0. 

2.1.3.1  Single-cell system with one class of users and perfect PC 

For a simple start, let us revisit the Gilhousen model (160) of a single-cell system with 
one class of users: Rj = R, and perfect PC: Prx,j = Prx. Thus, Equation (2.11) becomes 
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For a given value of Eb/I0 required for a certain QoS performance, the number of users is: 
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Equation (2.13) shows that the capacity of the system is inversely proportional to the 
required Eb/I0. This explains why the design of CDMA networks tends to apply many 
sophisticated signal-processing techniques, such as advanced receivers and powerful 
channel coding, in order to keep the required Eb/I0 as low as possible. The required Eb/I0 
of voice users is suggested as 5 or 7 dB with R = 9.6 kb/s W = 1.2288 Mc/s in IS-95 and 5 
dB with R = 12.2 kb/s W = 3.84 Mc/s in UMTS. The expected noise figure, defined as 
η =E[N0/(Itotal−N0)] that is equivalent to η =N0/NPrx in this case, is assumed as 10% or –
10 dB. Equation (2.13) can be rewritten for a capacity estimation as: 
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The application of antenna sectorization, which uses directional antennas at the cell site 
for both receiving in UL and transmitting in DL, offers an increase in cell capacity by as 
many folds as the number of sectors approximately. Furthermore, monitoring the activity 
of the user data sources and switching the users on/off accordingly also effectively 
reduces interference and increases capacity. Equation (2.14) can be rewritten as: 
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where av is the voice activity factor. If av = 3/8 and three sectors per cell site are applied, 
then about an 8 fold increase in the number of users in a cell can be expected. 

2.1.3.2  Uniform multi-cell system with one class of users and perfect PC 

Because of the perfect PC assumption and (2.1), a user with index m has to transmit with 
a power of Ptx,m = Prx/gm, where gm is the path gain of the link towards its own BS. In (15, 
160), the path gain of the propagation model is given as g = 10ξ/10r-4. The signal of user m 
at a distance rm from its own BS will produce interference to the reference site at a 
distance r0 away from it as 
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ξ0 and ξm, defined in Section 2.1.1 at (2.4), are independent so that the difference (ξ0–ξm) 
has zero mean and variance 2σ2. 

The total other-cell interference normalized by the received user signal is given by 
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where m also represents the cell-site index of all the neighboring cells for which 
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ψ is a binomial RV representing the voice activity taking value in {0, 1} for which 
Pr{ ψ = 1} = av and Pr{ ψ = 0} = 1–av; and ρ is the density of the SUD (Spatial User 
Distribution) given in number of users per unit area. The computational results in (15, 
160) for the system with uniform, 3-sector hexagonal cell sites show that the mean and 
variance of Iother/Prx are bounded as E[Iother/Prx]≤0.247N and Var[Iother/Prx]≤0.078N. One 
can notice that the product NPrx represents own-cell interference, Iown. Thus, the expected 
other-cell interference to own-cell interference ratio ι  = E[Iother/Iown] can be defined and 
used for modeling the impact of other-cell interference on system performance. Based on 
the above analysis, Equation (2.11) is now applied for this multi-cell system scenario and 
expressed by 
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The outage probability is defined in (5, 160) as: 
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where (Eb/I0)voice is the minimum or target value of Eb/I0 required to meet QoS 
requirements, set to 5 or 7 dB as mentioned above for the IS-95 system. That is 
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given by (2.13), assuming that the processing gain W/R is much larger than 1. 
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where Q(x) is the standard Gaussian distribution resembling the distribution of 
interference. 

The results of (5, 160) show that in the IS-95 DS-CDMA system with a bandwidth of 
1.25 MHz, 3 regular sectors per cell, W = 1.2288 Mc/s, R = 9.6 kb/s and (Eb/I0)voice = 5 
dB, the capacity per sector for an outage probability of 1% is obtained for about 37 users. 
This is about 5 times higher than that of the GSM FDMA/TDMA example mentioned 
above, which has a comparable bandwidth of 1.2 MHz. UMTS, using WCDMA with a 
bandwidth of 5 MHz and W = 3.84 Mc/s, is expected to have a much higher capacity than 
IS-95. This is not only due to the fact that the chip rate is now three times larger, but also 
because the multipath resolution and diversity combined in the wideband receiver 
operation are more effective and result in lower Eb/I0 required. 

2.1.3.3  Load factor of multi-class users 

Now, solving Equation (2.11) for Prx,j gives: 
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The variable uj represents the load factor of user j contributed to the overall UL 
interference in the cell. It is inversely proportional to the processing gain W/Rj and 
proportional to (Eb/I0)j required for a certain QoS with bit rate Rj. The total UL load factor 
is 
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In the equilibrium condition of the capacity limit in terms of the maximum tolerable 
interference, Imax, we have 
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Providing that Itotal = Iown+Iother+N0, E[N0/(Itotal−N0)⏐Itotal → Imax] =η, E[Iother/Iown] =ι, and 
the link quality requirement is maintained, the average upper limit of the total UL load 
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factor, representing the expected cell capacity of a multi-cell multi-rate system, can be 
approximated with  
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Note that the ratio Iother/Iown is often denoted by f as well in the literature. On a connection 
basis, taking into account the data source activity factor aj of user j and given that the 
received Eb/I0 of user j is kept at its target level γj for an adequate QoS, the mean of the 
effective load factor of a connection can be defined as 
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On a packet transmission basis, aj = 1 is held for all j. 
The channel capacity Cj for a class of user j, also referred to as the capacity index of a 

user class (126, 129, 178), is defined as the maximum number of tolerable simultaneous 
users of class j in a cell and approximated by 
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where ⎣x⎦ denotes the largest integer that does not exceed the argument x as a positive 
real number. Equation (2.29) is equivalent to (2.15) by setting ι  = 0 for a single-cell 
scenario. 

The above analysis has shown that the capacity of an interference-limited DS-CDMA 
cellular system is bound and varies in time. The mean of the effective capacity in terms of 
the average upper limit of the total UL load factor, the effective load factor of a user is 
either a packet or a connection, and the capacity index for a particular class of users have 
been introduced. There is a trade-off between the system capacity and the communication 
quality. 

In advanced wireless networks, MAC and CAC schemes play crucial roles in 
controlling the allocation of system capacity to diverse users and, therefore, have a major 
impact on the system performance. MAC and CAC schemes of interest will be surveyed 
next. 
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2.2  MAC schemes in centralized packet radio networks 

2.2.1  Properties and performance measures 

In a wireless network with users transmitting traffic of any type on a shared medium, the 
procedures guided by MAC schemes must be invoked to distribute packet transmissions 
among users. The design of a good MAC scheme, however, has to consider many issues. 
The common properties that MAC schemes possess fall into two main categories. The 
first is associated with the unique properties and consequences of a wireless medium and 
system environment. The second is concerned with system performance issues, upon 
which the essential performance measures of the MAC schemes are defined. 

2.2.1.1  Design properties 

In the first category, the main properties include: 

− Duplex Operation: FDD or TDD (Time Division Multiplexing) must be used to 
avoid self-interference, as it appears to be difficult, if not impossible, for a user to 
transmit and receive data at the same time on the same radio frequency. FDD allows 
full-duplex and more symmetric operations between UL and DL. TDD supports half-
duplex operations and is more beneficial for serving with unbalanced traffic between 
UL and DL by adjusting the size of the UL and DL time frames accordingly. 

− Multiple Access Techniques: The applied techniques, for example, FDMA/TDMA or 
CDMA, establish the basic method of dividing resources into accessible mediums or 
channels for the system that the MAC schemes must follow and be based upon. The 
evolution of multiple access techniques as well as wireless networks is associated 
with and facilitated by the advent of technologies. Therefore, FDMA/TDMA, 
CDMA, and so forth, also represent the technology platform of wireless systems. 

− Impact of Time-Varying Fading Channel: The nature of the wireless medium coupled 
with the user mobility results in a time-varying fading channel. The user is said to be 
fading when the received signal strength drops below a certain threshold, also 
referred to as a fading margin. Thus, errors are likely in wireless transmissions. BER 
can be as high as 0.1% or even higher in a wireless environment resulting in a high 
probability of packet errors. Furthermore, errors often occur in a long burst during 
fading depending on the correlation properties of the fading process and the error-
correcting capability of the system on the physical level. The countermeasures 
against fading impacts that have been proposed at the radio physical layer in wireless 
networks apply a number of techniques, ranging from direct PC to advanced 
receivers and powerful FEC (Forward Error Correcting) channel coding methods. 
These, most often, cannot get rid of the adverse effects of fading entirely. In this 
regard, it is of interest in the network design to examine the nature of the residual 
errors that are passed up from the physical layer to the upper layers. In particular, the 
MAC layer, right on top of the physical layer, is the first one facing the inherent 



 55

errors. Thus, the impact of the time-varying fading channel has to be dealt with quite 
directly at the MAC layer. Packet losses due to burst errors can be minimized by 
using, for example, the following techniques: 

− Smaller size packets 
− FEC coding 
− Intelligent scheduling and adaptive transmissions 
− Retransmission methods 

The latter, using a proper ARQ protocol over the RL, is widely used in advanced 
wireless networks. However, most MAC schemes have an immediate 
acknowledgment to detect packet errors. If an acknowledgment is not received at the 
end of a transmission, the packet is retransmitted. It is also suggested in (22, 45-46, 
147, 228) that, if properly managed, fading can be exploited for contention resolution 
in the MAC operation as well. 

− Location-Dependent Effects: Because of the path loss, the signal strength decays 
according to a power law of distance between the transmitter and receiver as shown 
in (2.3). The location of a transmitter relative to a receiver has an important impact 
on carrier sensing or user detection in multiple-access operations. The location-
dependent effects include: hidden or exposed terminals, capture, and near-far effect. 
The hidden-terminal problem refers to when a terminal is within the range of the 
intended receiver but out of range of the sender, that is, hidden from the sender (17, 
20, 88). The exposed-terminal problem is complementary to the hidden-terminal 
problem when a terminal is exposed to the sender (17, 20). In distributed CSMA 
(Carrier Sense Multiple Access) systems (16-20, 87-88), hidden terminals can cause 
collision on data transmission whereas exposed terminals unnecessarily delay the 
transmission attempts of the reference sender and waste the channel bandwidth. 
These problems can be avoided in centralized wireless networks. The capture effect 
refers to when the receiver can correctly receive (or capture) the user(s) that comes 
with the strongest signal from simultaneous transmissions within its range. The 
capture effect improves the throughput-delay performance, but results in an unfair 
share of the channel bandwidth with preference given to users which have a better 
path gain, for example, those closer to the BS (86). The near-far effect occurs when 
the received signal at the BS from a user close to it is much stronger than that of 
users far from it, for example, at the cell boundary. In centralized CDMA systems, 
the near-far effect can dominate the received MAI and have a major impact on the 
system capacity and performance (13-22). To achieve a considerable capacity, all 
signals, regardless of their distance in the cell coverage, should arrive at the BS with 
the same mean power. To solve this problem, PC is required. Therefore, the 
performance of PC is one of the deciding factors on the capacity of a CDMA system. 

In general, the design of a MAC scheme is accomplished with a specific goal in mind 
which targets certain system environments and performance requirements. The main 
performance properties of the MAC schemes include: efficiency, fairness, stability, 
flexibility, and robustness. These are briefly discussed in the following. 
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− Efficiency: MAC schemes perform their tasks in such a way that the transmission 
medium is used efficiently. The efficiency is usually measured in terms of system 
throughput and average packet delay. This is the most important property in wireless 
systems with scarce radio resources. This also represents the spectral and energy 
efficiency of wireless systems. 

− Fairness: This is in regard to a fair share of channel capacity toward individual users. 
Each user of the same class should, on the average, receive the same amount of 
allocated channel capacity. An unfair share of the channel capacity can cause system 
unbalance and unpredictable behavior. The capture and the near-far effect are good 
examples of causing such an unfair share. 

− Stability: In general, a MAC scheme is stable if it is capable of moving the system 
from a current equilibrium state to a new equilibrium state, as the offered load is 
increased. On the other hand, with an unstable MAC scheme, an increase in the 
offered load can force the system to fall apart or continue to be jammed with even a 
higher accumulated load. This results in a drop of system throughput and intolerable 
prolongation of packet delay. Thus, to enhance stability, traffic-shaping mechanisms 
such as flow control, congestion control, and CAC are adopted. 

− Flexibility: In advanced wireless networks, it is important to have flexible MAC 
schemes, which allow supporting multimedia traffic with diverse QoS requirements. 
The packet transmissions of different users need to be treated according to their QoS 
attributes, such as the required bit rate and delay constraints. Two commonly adopted 
mechanisms are packet transmission prioritization and scheduling. 

− Robustness: This is with respects to changing system conditions and equipment 
failures. In wireless networks, the robustness of MAC schemes is most often 
considered against fading and power consumption of the MT battery. The first is due 
to the fact that a wireless channel is time-varying and error-prone. The impact of 
fading can occasionally make the RL unusable for a short period of time. MAC 
schemes should be able to recover from such link failures. The latter is due to the 
fact that the battery power of a wireless device is rather limited. The power 
conservation and saving feature of a smart MAC design is of great importance to the 
success of multimedia services. 

Furthermore, the simplicity aspect must be considered and incorporated in the design of 
MAC schemes and wireless systems in general. This condition ensures efficiency and 
enables rapid expansion of wireless systems and services. 

2.2.1.2  Performance measures 

The most essential performance measures of the MAC schemes are: 

− Throughput: The throughput can be understood as the portion of the offered load that 
is successfully delivered to the intended destination. Hence, the maximum 
throughput is equivalent to the system capacity. Ideally, the throughput is the same as 
the offered load, which is the amount of traffic or packets being transmitted. This is 
true in the case that the channel is error-free and the offered traffic intensity is under 
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a certain limit. Providing that all packet transmissions have the same format, the 
throughput is often defined as the average number of packets successfully 
transmitted per unit time, which is set equal to TTI (Transmission Time Interval) of a 
packet (14-19, 37-38). The throughput can therefore be given in bit/s, packet/s, 
Erlang, or even by a normalized value in [0, 1] if it is calculated as the ratio of the 
throughput to the offered load. 

− Delay: This is often defined as the average time experienced by a successful packet 
transmission from its initiation to its completion. The delay depends on 
characteristics of the serving system and traffic load. It is given in seconds, 
milliseconds or a value of the delay-to-TTI ratio. 

To this end, a rule of thumb in the design of MAC schemes is to maximize the throughput 
and minimize the delay. However, the objective of a well-planned MAC scheme would 
be to be optimum for a certain QoS profile or group of QoS profiles. Thus, in addition to 
the throughput delay characteristics, quantitative metrics, such as the fairness factor 
based on the fair-queuing theory (108, 212-213), goodput as the amount of throughput 
excluding the protocol overhead (146-147), energy consumption (138-140) and 
sensitivity characteristics to different system parameters, can be defined and used for the 
performance evaluation of MAC schemes and systems. 

2.2.2  Classification of MAC schemes 

The MAC schemes can be classified according to networking paradigms and topologies 
of wireless networks as distributed (ad-hoc), centralized (cellular), and hybrid (satellite). 
Each can be further classified based on access methods such as random, scheduled, and 
hybrid access. The MAC schemes can also be classified according to the multiple access 
techniques underneath. Figure 3 shows a classification of the MAC schemes for wireless 
networks. 

MAC schemes for ad-hoc networks and satellite communications systems are not in 
the scopes of this thesis. However, these segments are investigated in (20), for example. 
One can notice that, with an exception of the ALOHA, all distributed MAC schemes are 
based on the principles of the CSMA with/without an explicit mechanism for collision 
avoidance. 

The ALOHA is a typical example of random access, which can be used in any type of 
networks: distributed, centralized, or satellite. In the ALOHA system, users are allowed to 
transmit whenever they have data to send. If a collision occurs, which is detected by 
acknowledgement from the network side, the user waits a random period of time and then 
retransmits the unsuccessful packet. Thus, such schemes are also referred to as repeated 
random access. 

The CSMA refers to MAC schemes in which users listen to the common radio channel 
to detect any ongoing transmissions before a random access. If the channel is busy, the 
user waits a random period of time and tries to transmit again. If the channel is idle, the 
user makes an attempt to acquire the channel. Then the transmission of a packet follows. 
The reception of each packet is acknowledged. If the acquisition attempt results in a 
collision, the colliding users try to resolve the collision in an orderly manner. Let us recall 
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the hidden- and exposed-terminal problems that may cause degradation to the CSMA 
performance. To resolve such a problem, a mechanism for collision avoidance and 
resolution is adopted. This can be based upon either out-of-band feedback control from 
the intended receiver or a handshaking approach with an exchange of short request-
response messages to test the connection beforehand. 

MAC schemes for centralized wireless networks are of our interest. The use of a 
central BS allows more sophisticated network-controlled functions and optimized MAC 
schemes. It is reasonable to assume that all the terminals in the cell coverage can talk to 
and hear from the BS. Hence, this significantly removes the hidden- or exposed-terminal 
problem. 

Fig. 3. Classification of wireless MAC schemes. 
The random access class of centralized MAC schemes tries to obtain a high efficiency 
while emphasizing simplicity. It allows all users to contend for the random access 
channel by transmitting as soon as they have data to send. This class is suitable for bursty 
data traffic, but not desirable for guaranteed, delay-sensitive traffic. The applications of 
this class can be found in various PRNs. The ALOHA is still considered as a fundamental 
scheme of this class. However, in a pure ALOHA channel, providing that all packets have 
the same format, the maximum throughput is about 18 percent (14, 16). If the channel is 
slotted into equal time intervals of the packet size or TTI and the transmission attempt is 
made at the beginning of a slot, the throughput is about doubled. This slotted version of 
ALOHA is called S-ALOHA (14, 16). The performance of ALOHA schemes is quite poor 
in general. To improve it, many MAC schemes have been developed ever since. 
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The scheduled access is considered as non-contention, and is applied extensively in 
FDMA/TDMA cellular networks. This class is based on either fixed- or demand-
assignment scheduling. The fixed-assignment scheduling provides each user with a 
pre-determined, fixed allocation of resources, that is, a fixed channel for the entirety of a 
session, regardless of the need of the user to transmit during that session. This type of 
MAC schemes is appropriate for continuous and real-time traffic, but can be wasteful in 
the case of bursty traffic. The demand-assignment scheduling assigns resources according 
to requests submitted by users and by polling users in a round-robin fashion. Once the 
requests are received and processed, users are assigned resources according to the results. 
In general, a fair queuing scheduling mechanism is embedded in the MAC operation. 
This type of MAC schemes is useful for VBR or ABR (Available Bit Rate) traffic. 
However, additional signaling overhead and delay caused by polling or reservation 
processes can degrade the performance. The scheduled access has to rely on flow control, 
congestion control, CAC and so forth to ensure stability for its operation. 

The hybrid access class combines or inherits the basic features of both the previous 
two classes. Most hybrid schemes employ request-grant mechanisms for access control. 
The request packet is usually sent using a random access channel. Each active user sends 
a request to the BS indicating, for example, how much time and bandwidth is required to 
send the amount of data that the user currently has in their buffer. There can be other 
alternatives as well, depending on the system intelligence. The BS, upon the reception of 
the request, allocates an affordable combination of resources for the user transmission 
and sends a response to the user indicating the granted channel format. This type of 
hybrid schemes can be divided into random reservation and dynamic demand-assignment 
schemes. In a random reservation scheme, the BS has implicit rules for reserving a 
channel. For example, one rule is that a granted request will result in a periodic 
reservation of a particular slot for the user transmission. In a dynamic demand-
assignment scheme, the BS controls the user transmissions according to their QoS 
requirements. It collects all the requests from the users and uses scheduling algorithms to 
make an efficient resource allocation. The resource allocation, as a result, is often 
dynamic and adaptive. The hybrid access allows more flexible and efficient MAC 
schemes which can cope with the diverse conditions of multimedia traffic. 

Chapter 1 Section 1.2.1 suggests that all MAC schemes for interference-limited DS-
CDMA systems can be considered as hybrid because they carry features of both the 
random access and the scheduled access. That is, regardless of the access methods, 
contention can happen depending on the MAI level. 

2.2.3  Review of centralized MAC schemes 

The wireless MAC has received a lot of attention and research works ever since the 
pioneer ALOHA was proposed in 1970. The research directions can be categorized into 
three main groups. The first is on the synthesis of new MAC schemes. The second is on 
the fundamental analysis and performance evaluation of MAC schemes. The third is on 
the selection and optimization of MAC schemes considering different system 
environments and technologies. There is a substantial amount of literature on the subject. 
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The results also include a number of MAC schemes ranging from simple ALOHA to 
complex schemes for supporting diverse multimedia traffic and QoS requirements. MAC 
protocols have been surveyed in (82) for wireless ATM (Asynchronous Transfer Mode), 
in (86) for wireless networks considering semantic formats and procedures, and in (85) 
for multimedia cellular systems. In this section, some centralized MAC schemes for 
advanced wireless networks are reviewed. Our interest is to keep it somewhat more 
conceptual and analytical in regard to RM aspects. 

2.2.3.1  Random access schemes 

In addition to ALOHA schemes, which include pure ALOHA, S-ALOHA, and S-ALOHA 
with reservation denoted as R-ALOHA (16-17, 80-81, 86), the following are often found 
in centralized PRNs: ISMA (Idle/Inhibit Sense Multiple Access) and RAMA (Resource 
Auction Multiple Access) schemes. 

ISMA (17, 95) is considered as the centralized version of the distributed CSMA, in 
which the BS, instead of the user terminals, performs carrier sensing and collision 
detection. The basic operation of ISMA is as follows. The BS periodically broadcasts an 
IS (Idle/Inhibit Signal) when the channel is free/busy. FDD is assumed allowing the 
possibility of almost immediate feedback from the BS. However, in the case of TDD, 
only an idle signal is issued. The terminals that have packets to send will listen to the 
broadcast channel and decide whether to transmit or defer according to the received IS. 
The ISMA can be non-persistent or persistent. If a packet is received correctly, the BS 
sends an ISA (IS with Acknowledgment). This acknowledges the successful packet 
transmission and, at the same time, indicates that the channel is free again. If two or more 
terminals transmit at the same time, a collision occurs. The BS resolves the collision and 
becomes idle again after it. The terminals that are involved in a collision detect the 
collision after they receive an IS instead of an ISA. The terminals then back off for a 
random period of time before the next retransmission attempt. 

If the size of the data packets and their TTI is large enough compared to a feedback-
control latency, the loss of complete packets due to a collision can result in an inefficient 
performance. To improve that, a reservation ISMA scheme with polling (95), denoted as 
R-ISMA, can be used. In R-ISMA, the terminal sends a short RP (Reservation-request 
Packet) in response to the IS signal in the ISMA fashion. Thus, only small RPs may be 
involved and lost in a collision. If the BS receives an RP, it issues a polling signal to the 
corresponding terminal to inhibit others from transmitting at the same time. Upon 
receiving the polling signal, the terminal can transmit its packet immediately. 

RAMA (96-97) uses a deterministic mechanism for random access. Two phases exist 
in RAMA: the auction phase and the data phase. The terminals that have data to send 
contend for the data phase, that is, the channel in the auction phase. In RAMA, each 
terminal is assigned a unique ID (Identifier) in a binary string with a fixed length. In the 
contention phase, each terminal transmits its ID to the BS symbol-by-symbol. The BS 
broadcasts what it heard after each symbol to all the contenders. If it does not match the 
symbol that the terminal transmitted, it drops out of contention right away and tries again 
in the next auction phase. The collision resolution at the BS is as follows. In case more 



 61

than one terminal transmit the same symbol simultaneously, there is no collision and the 
BS broadcasts the symbol it heard. Otherwise, the BS broadcasts a symbol with higher 
priority, “1”. Thus, at the end of an auction phase, there is always one winner who has the 
highest ID. This results in an unfair share of the channel. 

The channel in RAMA is never wasted. However, the protocol overhead can be quite 
high. This overhead increases as the data rate increases because of the per-symbol 
switching involved in collision resolution. RAMA is usually more efficient than R-
ALOHA or eventually R-ISMA in only heavily loaded situations. However, if the capture 
is effective, R-ALOHA or R-ISMA can at least perform as well as RAMA. The fairness 
problem is addressed in (97). The BS can resolve collision in the auction phase by 
broadcasting the “1” or “0” symbol randomly, instead of “1”. 

2.2.3.2  Scheduled access schemes 

This class of MAC schemes avoids the situation in which multiple users try to access the 
same channel at the same time by scheduling the transmissions of all users in the system. 
This class is therefore non-contention. The scheduling takes two basic forms: fixed 
assignment and demand assignment (17). Providing that the channel is error-free, packet 
transmission is guaranteed as being successful. 

In FAMA (Fixed Assignment Multiple Access), each user, if admitted into the system, 
is assigned a fixed, non-overlapping portion of the available channel capacity, that is, a 
fixed channel. The channel division is done in FDMA/TDMA fashion. Thus, the channel 
is a frequency channel or a certain slot in subsequent time frames of the time axis on a 
frequency channel. The user can transmit its packets on the assigned channel whenever 
needed, independently from the other users. There is a hard capacity limit on the number 
of users that can be admitted into the system. The efficiency of FAMA depends on the 
user activity and traffic. FAMA is suitable for CBR guaranteed real-time services such as 
voice calls, but not efficient for bursty data services. 

In DAMA (Demand Assignment Multiple Access), only the users that have data to 
send are allocated channel resources. The transmissions of these users are scheduled in an 
orderly fashion so that contention does not occur. Thus, no capacity is wasted for non-
active users. However, the protocol overhead can be quite high. This is because of the 
signaling and processing needs in order to determine which users require channel access 
and to schedule the user transmissions, especially when the number of users in the system 
is large. 

The roll-call polling scheme (17, 37-38) is probably the most conventional DAMA. 
The BS polls the users one after another in a predetermined sequence. Each user is polled 
once in a sequence. Upon the reception of a polling message, the user transmits either a 
control message stating it has nothing to send or stating all the packets that have 
accumulated in its buffer since the last poll. In the latter case, after the last packet is 
transmitted, the user sends a “ready” message to the BS. The BS then continues polling 
the next user in the sequence. 

The overhead in the roll-call polling grows with the number of users that have nothing 
to send. The roll-call polling may also suffer from redundancy if a certain user has too 
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much data to send within a protocol operation sequence. More advanced polling schemes 
have been developed to partially reduce the overhead or increase the flexibility and 
robustness. For example, (225-227) propose a more clear coherence time frame for the 
protocol operation with phases for polling the requests, sending the requests, and 
scheduling the user transmissions. DAMA is most suited for VBR or ABR data users. 
However, admission control and congestion control are required for a stable operation. 

2.2.3.3  Hybrid access schemes 

This class allows more flexible and efficient MAC schemes. Most of the recent research 
works on MAC schemes for advanced wireless networks have addressed and targeted this 
class. Hybrid MAC schemes can be further divided into three groups: TDMA RR 
(Random Reservation), TDMA DDA (Dynamic Demand Assignment), and CDMA based 
as described in Section 2.2.2. This section reviews the essential schemes of the first two 
groups. The review of DS-CDMA based schemes follows in a separate section, as they 
are directly related to the focus areas of this thesis. 

TDMA RR schemes have been studied in the context of supporting voice and data 
services in TDMA mobile cellular networks. The UL of such TDMA RR systems is 
considered as a slotted multiple-access channel, which is organized into frames of an 
equal length. The frame length is chosen such that a single voice packet is generated per 
frame. The slot is large enough to carry one voice packet. The length of the data packets 
is one slot. The TDMA RR operation in DL relies on a broadcast channel. The RR 
schemes contain two stages: random access and reservation. In the first stage, the 
terminals that have data to send use a random access channel to make their first 
transmission. S-ALOHA is usually the first choice because of its simplicity. The 
reservation stage describes the policy enforced by the network to reserve UL slots for the 
terminals that have successfully contended for the random access channel. The policy 
ranges from a simple reservation of a fixed subsequent slot for upstream transmissions of 
voice packets to a complete scheduling of UL transmissions by the network. The RR 
schemes with scheduling can be listed under the DDA group as well. TDMA RR schemes 
are based on the principles of PRMA (Packet Reservation Multiple Access). 

PRMA (98) is initially designed for the packet transmissions of voice users in TDMA 
FDD cellular networks. The main issue is to put an upper bound of 40 ms on the delay of 
voice packets to maintain intelligible speech, while allowing occasional packet losses. 
Each active voice user during a talkspurt generates voice packets which are stored in a 
FIFO (First In First Out) buffer. The user tries to transmit the first packet from the buffer 
using the S-ALOHA. If this packet is not transmitted successfully within 40 ms, the 
packet is discarded and the user tries again with the next packet in line in the same 
fashion. This continues until either all packets are dropped or a successful transmission 
happens. Upon the first successful transmission, the user gets the reservation of the 
corresponding slot in future frames for transmitting all the packets in its buffer until the 
end of the talkspurt. 

Many extensions of PRMA have been developed for efficient support of integrated 
voice/data and multimedia services. In (100), the system allows the data users to contend 
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for a transmission of a data packet using the same S-ALOHA, but repeatedly on packet-
by-packet basis. That is, no reservation is made for a data user. Furthermore, to give 
preference to voice traffic, different persistence probabilities for random access can be 
used regarding the voice or data user. In (100), it also allows the data users to reserve a 
limited number of slots to improve efficiency and decrease contention. However, the 
introduction of data users decreases the performance of PRMA system with respects to 
voice users. To enhance this aspect, FRMA (Frame Reservation Multiple Access) is 
introduced to separate the subsystems serving voice and data users (101). In FRMA, a 
frame contains voice slots and data slots. The distribution of the voice and data slots is 
dynamically adjusted on a frame-to-frame basis so that the dropping rate of voice packets 
is kept less than 1%, for instance. PRMA enables more users to be supported than the 
number of time slots by using voice activity detection and, during the silent period of the 
voice sources, the free channel capacity is used to serve intermittent data traffic. Thus, 
PRMA is more flexible and efficient than FAMA. 

In more advanced RR schemes (102-107), which expand the concepts of PRMA to 
accommodate multimedia traffic, the user sends a request to reserve a channel bandwidth 
for its service before sending the actual data. These are therefore considered as DDA 
schemes. In DDA schemes, the system tries to allocate bandwidth to the users according 
to their QoS requirements. In advanced cellular networks, end-to-end QoS is an important 
design goal and, at the same time, utilization of the network capacity must be maximized. 
This goal can be achieved by having the central network controller collect QoS requests 
and schedule transmissions for each user so as to match the requirements against the 
available system bandwidth. There are three main stages in a DDA scheme: request, 
scheduling, and data transmission. The request channel, which is typically a random 
access channel, is used for the users to send QoS requests to the BS. The user can send 
additional requests or indications during the service session using out-band signaling or 
piggybacked with data transmissions. This reduces contention on the request channel. 
Based on the user requests, the network schedules UL transmissions using a scheduling 
algorithm. The users then transmit their data, contention-free, on the scheduled channel. 

In PRMA++, the request and data channels are separated (102). In a UL frame, a few 
random access slots are assigned for sending requests and the rest are information slots. 
The request slot can be further divided into mini-slots to increase efficiency, as the size of 
the request packets is often much smaller than the data packets. If a collision occurs, a 
collision resolution cycle is initiated and continues until all of the collided mini-packets 
are successfully transmitted. C-PRMA (Centralized PRMA) is initially designed for 
micro-cellular environments (104). The goal is to grant the next transmission opportunity 
at each slot to the user that has the most urgent need or the closest deadline. Thus, C-
PRMA attempts a prompt retransmission of corrupted packets. The BS acknowledges a 
successful reservation. Then, when it issues a polling command, the corresponding user 
can transmit data packets on the assigned slots. C-PRMA accommodates multimedia 
traffic via the polling process. The polling sequence for the reserved users is generated by 
a scheduling algorithm, which is designed to provide QoS to all users in an efficient 
manner taking into account priority, loss rate, bit rate, and delay constraints. In C-PRMA, 
slots are dynamically assigned and the scheduling algorithm provides a more accurate 
statistical combination of the traffic. 
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DQRUMA (Distributed Queuing Request Update Multiple Access) is another flexible 
DDA scheme for wireless multimedia support (109-111). It was initially designed for 
FDD TDMA systems with a small and fixed frame size, such as wireless ATM. The UL 
frame fits a mini-slot of a reservation request and a data slot of a single packet, which 
includes a piggybacking field for additional requests during the data-transmission stage. 
In the DL frame, the request mini-slot is for acknowledgement and the piggybacking field 
is for indicating transmit permission. The data slot in the UL and DL frames, whenever 
idle, is converted into a number of mini-slots for sending reservation requests and 
acknowledgements. The data users are treated as distributed queues of packets having 
different QoS attributes. In DQRMA, when a user has data to transmit, it first attempts to 
transmit a request on the mini-slot in an UL frame using S-ALOHA. It then listens to the 
acknowledgement channel in the DL frame immediately for the result. This is repeated 
until the request is successfully acknowledged. Then, the user listens to the transmit 
permission field for its ID and more instructions and when the user hears its ID in a DL 
frame, it transmits its packet in the next UL frame. If the user has more packets to 
transmit, it sends an additional request in the piggybacking field to reserve more data 
slots. The BS collects all the requests and adds them to a list of outstanding requests. 
Thus, based on the list of outstanding requests, the system can serve according to the 
requirements of the individual users. 

2.2.3.4  DS-CDMA based schemes 

CDMA techniques, DS-CDMA in particular, have been selected as the technology 
platform for numerous wireless communications systems including third –generation –
and beyond mobile cellular systems (21-22). The features of CDMA, such as its high yet 
interference-limited capacity and its natural flexibility in supporting multi-rate 
transmissions, present new possibilities as well as challenges to the design of efficient 
MAC schemes. CDMA based MAC schemes not only have to share code resources, but 
also control the MAI level to ensure efficiency and stability of the systems. The 
requirement embedded in the latter phase is inherently problematic because of the 
stochastic nature of MAI, which fluctuates within a large dynamic range. This is not to 
mention the various environmental issues and the user diversity, which must be 
considered to achieve an efficient network performance. 

In a centralized DS-CDMA PRN, regardless of whether or not random access is 
applied, each user still can be assigned a unique code sequence to spread and transmit its 
packets in the UL. The contention occurs whenever MAI becomes large enough to make 
the received SIR inadequate to extract the desired signal without any error. That is, 
provided it has an appropriate PC and as long as the number of simultaneous user 
transmissions is kept under a certain limit, the system behaves as non-contention. The 
performance of ALOHA/DS-CDMA schemes has been investigated extensively for PRNs 
with different physical layer designs and channels (13-19, 112-120). To prevent the 
contention and improve the throughput of ALOHA/DS-CDMA in high-load situations, 
CLSP/DS-CDMA is developed (17, 113-114, 116-120). CLSP is in fact an extension of 
ISMA used for asynchronous or quasi-asynchronous DS-CDMA systems, in which 
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packets have the length of multiple sensing and accessing-attempt slots. The BS senses 
the channel load which is the MAI level in general or the number of ongoing 
transmissions in the case that the PC is reliable enough. It then uses feedback control as 
in ISMA to allow the users to transmit if the channel load is less than a certain threshold 
or force them to refrain from transmission otherwise. Thus, the throughput characteristic 
of CLSP/DS-CDMA is optimized with perfect control. 

In (127), a simple MAC scheme is used in multi-rate DS-CDMA cellular systems. The 
user packets are queued up for different classes of traffic according to their bit rates and 
priorities forming distributed queues at the user terminals. Each packet is assumed to 
comprise a synchronization header, a small data unit like an ATM cell, and an error 
control parity trailer. It is also assumed that an ideal feedback channel exists for the 
transmission acknowledgment. Based on the status of the buffer and the success of the 
previous transmission, each user is modeled with three states: “idle”, “active”, and 
“blocked.” The user is idle if there is no packet in the buffer and active otherwise. The 
active user is in “blocked” state or remains in it if the previous transmission or 
retransmission failed. Each active user of a class δ attempts to transmit the head-of-line 
packet in the next slot with a probability of pδ from its “active” state or qδ from its 
“blocked” state independently. This scheme is therefore of the ALOHA type, capable of 
handling a mixture of traffic with different priorities and bit rates. The simplicity and 
flexibility is emphasized in (127). However, its efficiency and stability depend on how to 
set pδ and qδ for different traffic classes which in turn depend on the system capacity, 
offered traffic, and delay attributes of each queue. This aspect is not specified and 
discussed therein. 

Feedback control MAC schemes for integrated voice/data DS-CDMA cellular 
networks are investigated in (22, 122-126, 129). The voice users have higher priority than 
the data users. The voice users will be either blocked during the call–set-up phase 
according to CAC or allowed to transmit until the end of the call. The data users, in the 
meantime, contend for the remaining resources following a feedback control MAC 
scheme. The system has a capacity index of Kv with respect to voice users only and Kd 
with respect to data users only. The condition: Nd(t)/Kd + Nv(t)/Kv <1 must hold for 
voice/data multiplexing in order to ensure adequate communications quality and that the 
data transmissions are successful. Nd(t) is the number of data users and Nv(t) is the 
number of voice users in the system at time slot t. The FCSI has a form of Ψ(Nd(t), Nv(t)), 
in which Nd(t) represents the number of the backlogged data users due to unsuccessful 
transmissions at slot t. The data users then independently decide to transmit in the next 
slot with a probability, which is predicted based on FCSI so as to avoid contention, and, 
at the same time, to maximize resource utilization and throughput. Thus, depending on 
how to define and make use of FCSI at the user terminal, there can be numerous 
variations of such feedback control MAC schemes. However, the optimum solutions for 
this matter are still open. In (125, 129), the authors present a simple scheme using a 
power function of π j to define the TPP for data users in the next slot (t +1), where π is a 
constant and j is a non-negative integer representing the value of the so-called persistence 
state T(t) at t for FSCI. T(t) is a function of the system load: T(t +1) = T(t) + K, K is a 
positive integer often set to 1 if the system load at t exceeds a certain threshold or 
T(t +1) = T(t) −1 otherwise. 
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In more advanced systems like UMTS, on top of a rather complex, flexible physical 
layer, which is capable of simultaneously transmitting data for different multimedia 
applications of MTs, the MAC layer also becomes more complex and diverse. Reference 
(21), for example, provides a good coverage of UMTS. The MAC layer consists of 
different segments to handle different types of traffic, for which different physical 
channels, access methods, TFs (Transport Formats), and QoS classes are applied. To keep 
it simple and general, TF can be understood as the format used for transferring MAC 
packets over the physical radio channel, which include the bit rate in kb/s, the packet 
length in bits, TTI in ms, etc. TF has been mentioned in Chapter 1 Section 1.1.1 when 
discussing the mode of user transmissions. The transmissions of a VBR user can apply a 
set of TFs. For an efficient handling of user transmissions in such complex systems, 
MAC schemes are mostly based on dynamic demand assignment scheduling. This 
includes adaptive control of TFs depending on the system load, that is, MAI, transmit 
power constraints and QoS requirements. In random access channels, ALOHA schemes 
are often adopted. The operation of MAC schemes relies on a complex RM of wireless 
networks. In fact, MAC schemes are a part of RM. The stability and efficiency of MAC 
schemes depend on functionality of such CAC, congestion control, PC and packet 
transmission scheduling. The resource allocation behind the MAC schemes in advanced 
CDMA systems is not hard wired, that is, it is left somewhat unspecified. This offers a 
great degree of flexibility for the design of efficient MAC schemes. The ultimate design 
challenge of MAC schemes for such complex systems is therefore related to 
simplicity/efficiency trade-offs. 

2.2.4  Summary and discussion 

MAC schemes for wireless networks have been extensively studied since the 1970s. The 
design and development of a particular MAC scheme depends on the network 
architecture, service type, traffic demand, constraints of the physical layer, and so forth. 
This must take wireless properties and performance issues into consideration that makes 
the optimal design a challenging problem. MAC schemes can be classified based on the 
distributed/centralized basis of their network architecture; then further classified into 
random, scheduled, and hybrid categories according to the access methods. The work 
above has surveyed MAC schemes for centralized PRNs. The random access schemes are 
simple and efficient for serving a large number of discrete data users while bearing 
vulnerable chances for successful user transmissions in highly loaded situations. The 
scheduled access schemes, FDMA/TDMA fixed assignment or polling-based, guarantee 
successful user transmissions but may waste channel bandwidth for low utility or high 
overhead. The hybrid schemes are most flexible for supporting diverse multimedia 
applications in complex cellular networks. TDMA random reservation schemes, i.e., basic 
PRMA schemes, are hard wired and they explicitly specify how to allocate slots. In this 
regard, dynamic demand assignment schemes have more room for scheduling alternatives 
and optimized resource allocation. In particular, CDMA based schemes offer high 
capacity and natural flexibility to accommodate VBR transmissions and various 
techniques, at all layers of the protocol stacks, to further enhance network performance. 



 67

MAC schemes are often designed and evaluated assuming perfect control systems and 
error-free channels. It is of research interest to study the performance of different MAC 
schemes in burst error environments, resulting from fading and mobility, and with system 
imperfections. The future perspective of wireless communications towards building the 
mobile Internet (1-6) has fostered the development of diverse PRNs to support a broad 
range of packet-based services and viable solutions for mobile Internet access. MAC 
schemes are at the core of PRNs. It is therefore motivating to develop more optimal and 
robust MAC schemes for advanced PRNs. 

The residual burst error process of packet transmissions over a physical radio channel 
is most often characterized through a fading channel model, which has been investigated 
extensively in the literature. However, most works, dealing with other issues than the 
physical layer, assume an uncorrelated channel with a certain BER or PER (Packet Error 
Rate) (80-90, 95-105, 112-121). In more precise works, the most commonly adopted 
channel model is based on a FSMC (Finite State Markov Chain) (203-210), in which the 
channel states are defined as a finite sequence of possible SIR levels and the sampling 
period determines how fast the channel varies. The steady-state probabilities and state-
transition probabilities are defined based on distributions and second-order statistics of 
the fading process (16, 198-202). One of the pioneers is the Gilbert-Elliot model, a two-
state, “good” and “bad,” Markov channel (229). More sophisticated channel models are 
based on an HMM (Hidden Markov Model), for instance, in which each channel state is 
described by an embedded Markov chain (205). The error process therefore can be 
studied within a general framework of a renewal-reward process, of which a semi-
Markov decision process is a popular example for modeling practice (224). The works in 
(203-207), investigating the channel model and block-error process with/without FEC 
coding, are inspiring. The authors also assess the accuracy of FSMC channel models and 
confirm the conditions under which the error process can be considered as uncorrelated, 
correlated, or highly correlated. In the latter case, the result found that effective FEC 
coding requires an impractical interleaving depth with excessive memory and a long 
delay. The characterization of the residual burst-error process has a number of 
applications in the optimized design of multi-layer wireless networks, in particular MAC 
schemes. 

In (22, 45-46, 147, 228), it is suggested that the burst error conditions of a fading 
channel, if properly managed, can be exploited to disable a subset of the contending 
users. In (230), it is pointed out that delay-tolerant data traffic, which takes up a major 
segment in advanced wireless networks, can provide some degree of flexibility, in which, 
instead of transmitting with more power to fight bad channel conditions, it rather defers 
transmission to better times by using channel-state dependent scheduling. In (1, 22-28, 
147), it generalizes that adaptation can be performed at all layers of the protocol stack to 
accommodate the dynamics of wireless channels. In regard to efficient RM in power-
sensitive advanced wireless networks, especially DS-CDMA cellular systems, the above 
ideas form one of the most effective strategies to achieve the design goals, which target 
the highest spectral and energy efficiency while providing adequate QoS to mobile users. 
In particular, these goals include: to mitigate interference and increase spectral efficiency; 
to minimize the power consumption and prolong the battery life of MTs; and to maintain 
QoS over wireless environments by adapting to user movements and channel 
impairments, as mentioned in Chapter 1 Section 1.2.1. 
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In (147), the authors study a framework of an adaptive radio for energy-efficient 
multimedia wireless links. The degradations of wireless channels are categorized based 
on interference, flat fading, and frequency-selective fading. It is suggested to use adaptive 
error control, that is, FEC/ARQ, or an adaptive frame length to combat low levels of 
interference and maintain an acceptable BER; an adaptive processing gain against high 
levels of interference; an adaptive frame length against bursty degradations due to flat 
fading and interference; and finally an adaptive equalizer for frequency-selective fading. 
The results based on extensive simulation campaigns indicate that the adaptive radio can 
achieve a 30-80% reduction in mobile battery power consumption compared to the fixed 
counterpart in the same system environments. Similar ideas are also found in (22, 142-
146, 148, 153). 

3G radio enhancements have brought retransmission closer to the radio interface. This 
allows a tighter coupling of ARQ schemes with the physical layer, enabling variable 
levels of FEC coding, faster operation, and potentially smaller packet sizes. These 
schemes, denoted as HARQ (Hybrid ARQ), typically incorporate combining 
retransmissions. This means that retransmitted data is combined with earlier 
transmissions of the same packet (130-136). 

There are also many recent works, for example (151-159), investigating opportunistic 
scheduling schemes, which exploit system dynamics with different criteria and in various 
contexts and environments of the integrated services systems. One direction focuses on 
providing QoS adapted to bursty characteristics of data sources with different scheduling 
disciplines assuming error-free or error-uncorrelated channels. These result in various 
schemes based upon round robin, earliest-deadline-first, and fair queuing. The other 
direction studies the dynamics of time-varying channel conditions and opportunities in 
time and user diversity to improve efficiency of channel utilization and mobile battery 
power. In (230), a channel-state-dependent-packet-scheduling scheme is implicitly 
proposed to avoid transmissions in bad channel states over a WLAN link. The simulation 
results indicate a 10% to 15% increase in efficiency of resource utilization, assuming 
perfect knowledge of the good-bad channel states. In (152), highest-SIR-first scheduling 
schemes select the user with the best SIR or channel condition to maximize the 
throughput. The fairness of highest-SIR-first is improved with proportional-fair 
scheduling schemes (151-159) taking into account the priority and delay requirements of 
different users. 

The contributions of this thesis on the MAC area include a study of performance 
losses of FCSI-based MAC schemes in centralized PRNs in the presence of system 
imperfections, and an analysis and synthesis of several efficient adaptive MAC schemes 
for DS-CDMA PRNs. These are summarized in Chapter 3 based on Papers II-IV, XI-
XVIII. 
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2.3  CAC schemes in mobile cellular networks 

2.3.1  Properties and performance measures 

The objective of the CAC schemes is to regulate the operation of a network so as to 
ensure uninterrupted service provision to existing calls and, at the same time, efficiently 
accommodate new calls. This is done via managing the available network resources and 
allocating them among the users according to particular policies. The design properties 
and performance measures of the CAC schemes for advanced mobile cellular networks 
are presented in the following. 

2.3.1.1  Design properties 

The properties associated with technical issues of advanced mobile cellular networks 
include: 

− Multiple Access Capacity: In FDMA/TDMA systems, the capacity is bandwidth-
limited. The calls are blocked when there are inadequate frequency channels or time 
slots available in the system. In CDMA systems, all the users share a universal 
frequency band and the capacity is interference-limited. The admission of a new user 
will add interference to the other users in the system and have an impact on the 
overall transmission quality. Distinguished CAC policies are needed to meet different 
properties of the applied multiple access techniques. 

− User Characteristics: The essential user characteristics in mobile multimedia systems 
include: randomness of the user access in time and space; QoS requirements; and 
user mobility. The impacts of different user characteristics are of great concerns for 
efficient RM. The randomness of the user access influences the offered load and its 
distribution among the cells, which in turn affect the system performance. The QoS 
requirements in terms of bandwidth, maximum bit rate, BER, delay tolerance, etc., 
provide input to calculate the necessary resource allocation for the user and the 
impact of this allocation on the existing users. This is used for CAC to make a 
decision. The user mobility contributes to the fading impact and causes handoffs. 

− Resource Allocation Strategies: Chapter 1 mentions that the RM schemes are mutual 
supportive and can be considered jointly. CAC schemes must be in line with and 
based upon the resource allocation strategies. In FDMA/TDMA systems, CAC 
schemes particularly reflect the underlying CA schemes including how to handle 
handoff requests. In CDMA systems, the CAC schemes contribute to MAI 
management and efficient QoS support, together with code assignment, PC, handoff 
control, scheduling, etc. In regard to efficient QoS support in multimedia cellular 
networks, different traffic classes have different characteristics and requirements. 
Thus, the resource allocation strategies also need to consider how to prioritize and 
adapt the user transmissions to the available network resources. The real-time users 
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are often given higher priority over non-real-time users; and so are handoff calls over 
new calls. 

− Cell Size Structures: The cell sizes (macro/micro/pico) have a major impact on the 
system capacity and coverage, as well as the handoff frequency. A smaller cell size 
increases the channel reuse frequency in FDMA/TDMA systems, and reduces the 
transmit power in CDMA systems. This improves the overall capacity of cellular 
systems and, in particular, the coverage for high data-rate users in CDMA systems. 
However, with a smaller cell size, it is obvious that the number of handoffs will 
increase. This adds more QoS provisioning requirements and control overhead to the 
CAC schemes. Furthermore, more precise considerations are required on CAC to 
handle the impact of other-cell interference in smaller-cell-size CDMA systems. 

− Unbalanced Traffic between UL and DL, and among Cells: Because of the traffic 
asymmetry in the duplex operation of some multimedia applications, the resource 
requirement can be greatly unbalanced between UL and DL in a particular cell. For 
example, web browsing, real-time multimedia downloading, etc., require a much 
larger capacity in the DL direction. CAC schemes need to adjust their decision 
process to meet this kind of unbalanced load. The traffic imbalance exists among the 
cells in a system as well due to the randomness and spatial distribution of the users. 
The resource allocation strategies, including the CAC schemes, need to consider the 
possibility and ability to adapt to changing traffic patterns and hot spots. 

To this point, CAC, based on knowledge of both network and user characteristics, keeps 
track of the available system capacity and accommodates new call requests while 
ensuring QoS for all existing users. CAC directly controls the number of users in a cell 
and therefore plays an important role in determining the system performance. CAC 
schemes can be evaluated based on the following properties, which are associated with 
performance issues of wireless networks: 

− Efficiency: CAC schemes are derived to achieve optimum trade-offs between GoS 
and QoS, with respect to efficient RM. The efficiency of CAC schemes is usually 
measured in terms of call blocking/dropping probabilities. Their linear combination 
functions define GoS. The Erlang capacity for a certain threshold of GoS is also used 
to measure the efficiency of the CAC schemes. In FDMA/TDMA systems, due to 
their hard-capacity feature, the probability of losing communication quality is often 
ignored once a user is admitted into the system and gets a channel. In interference-
limited CDMA systems, the probability of the system being in outage states, in 
which users experience a loss of the communication quality, is of interest. This is 
used to assess the trade-offs between GoS and QoS, i.e., the efficiency of the CAC 
schemes. Furthermore, the delay of the decision process in CAC must be minimized 
along with the call set-up phase. 

− Fairness: The fairness of admission decisions toward individual users upon their 
arrival depends on the user priority and profile characteristics (e.g., handoff or new 
user, QoS attributes of the request, importance of the users). In advanced cellular 
networks, there can be different subscriber classes; each has a different service level 
agreement and requires different service regulations. CAC schemes provide means of 
differentiating QoS for an efficient network operation. 
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− Stability: CAC schemes are directly targeted to prevent congestion and outage and 
ensure stability for cellular network operations. This aspect is intertwined with the 
efficiency. This is because the CAC schemes try to accommodate as many users into 
the system as possible to maximize the utilization of radio resources while the 
reliability of the provided QoS must be continuously maintained for each user. 

− Flexibility: It is important to have flexible CAC schemes to cope with various traffic 
patterns in advanced cellular networks, including traffic imbalances. Traffic patterns 
are distributed in time (busy hours) and space (hot spots) with diverse QoS 
requirements (multimedia support). The ability to be reconfigured and extended to 
support new traffic regulations and services is also of great importance. 

− Robustness: The CAC schemes need to be able to adapt to changing system 
conditions (system load, MAI fluctuations in CDMA systems) and maintain stable 
network operation. The robustness of the CAC schemes is also considered against 
the need of redesign due to changes of particular system parameters or RM schemes. 

− Simplicity: The doctrine “keep it simple” must be followed by CAC while fulfilling 
all the aforementioned properties. Only this condition can ensure system efficiency 
and guarantee a fast response to multiple, increasingly complicated and diverse QoS 
requests of mobile users. 

2.3.1.2  Performance measures 

The most essential performance measure of the CAC schemes is the GoS. 

− GoS: In trunk systems, GoS is defined as a measure of congestion (16). This is given 
by the probability of a call being blocked or the probability of a call being delayed 
beyond a certain amount of time as (2.7) or (2.9), for example. In traditional 
FDMA/TDMA cellular telephony networks, GoS is defined as, for example, 
GoS = Pb + 10Pd, where Pb is the probability of a new call being blocked and Pd is 
the probability of a handoff call being dropped or a handoff failure (19, 170-175). 
The call dropping probability is weighted by a factor of 10, as it is commonly 
accepted that dropping a call in progress has more negative impact on the customer 
perception on the provided service quality than rejecting a new call occasionally. In 
advanced mobile cellular networks supporting multi-class users and services, Papers 
I and VIII define GoS as a generic cost function of the probabilities of new call 
blocking, handoff failure, and loss of communication quality due to system outage. 
The weighting factor of each argument in the cost function is set depending on the 
profile characteristics of the corresponding user and service class. 

In addition to GoS and its components, the Erlang capacity, the percentage of satisfied 
users, etc., can be introduced as performance measures of the CAC schemes as well. The 
satisfied user is defined in (78) as the one who is admitted into the system for service and 
provided with specified QoS for at least 95% of the time. 
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2.3.2  Classification of CAC schemes 

CAC schemes can be classified in numerous ways depending on the basis of comparison. 
For example, from the operation point of view, CAC schemes can be classified as static, 
dynamic, and hybrid as mentioned in Chapter 1, Section 1.2.2. Figure 4 shows a 
classification of CAC schemes for mobile cellular networks. This basically combines the 
classification aspects reported in (19, 50) for FDMA/TDMA systems, (19, 78) for CDMA 
systems, and (19, 191, 193) for modeling-based and measurement-based systems. 

In static CAC systems, the admission decision is based on a priori knowledge of the 
system capacity and which resource combinations of user requests can be accepted in a 
local cell. This is often specified during the network planning. The design of static CAC 
schemes is therefore simple and decentralized (i.e., distributed on local-cell basis). This, 
however, has to take into account worst-case scenarios of system conditions and resource 
consumption in order to guarantee QoS. In FDMA/TDMA cellular systems, fixed CA 
based CAC policies (16, 19, 48-50, 170) are often adopted because of their simplicity and 
capacity maximization in line with a fixed channel capacity assigned to a cell. In CDMA 
cellular systems, such a fixed channel capacity is hard to determine efficiently because 
qualitative and quantitative features of CDMA systems appear to be heavily intertwined 
and mutually supportive. 

Fig. 4. Classification of CAC schemes. 
In dynamic CAC systems, it is intended to make full use of the system capacity and to 
adapt to changing conditions of system load, user distribution, etc. The planning of 
frequency reuse can be at ease even in FDMA/TDMA cellular systems if the underlying 
CA strategies are also dynamic. In this case, all the available resources (channels) are 
placed in a pool and assigned to new calls as needed such that their CIR/SIR targets are 
meet. The reinforcement learning or measurement-based adaptive CAC is an effective 
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solution for the dynamic class. This, in most cases, relies on online measurements and 
excessive signaling to keep track of the changes of system conditions among cells. 
Therefore, the price of better traffic adaptability and performance is the increasing 
complexity of implementations in both hardware and software. In high-load situations, 
and when the offered traffic is evenly distributed among the cells, static CAC and 
resource allocation can be more efficient than the dynamic counterpart. 

In advanced cellular networks, the CAC schemes are often based on hybrid resource 
allocation strategies combining beneficial aspects of both the static and dynamic classes. 
These form a hybrid or flexible CAC class. For example, the available radio resources 
can be allocated in a static way up to a certain level, and the rest is utilized in a dynamic 
fashion. CAC schemes in CDMA cellular networks can be listed under this class 
regardless of whether they are static or dynamic due to the interference-limited nature of 
the systems (17, 19). 

From the implementation point of view, the CAC schemes can be further divided into, 
for example, modeling-based or measurement-based, centralized or decentralized, local 
or global classes. This division basically specifies how networks define, monitor, and get 
the system parameters that are involved in the decision process of CAC (e.g., system 
capacity, traffic load, cell interference, user characteristics, resource consumption). 
However, a practical implementation can also be hybrid or flexible. The decision of CAC 
can be implemented as hard (i.e., a call request is admitted/rejected with an absolute 
certainty) or soft (i.e., a call request is admitted/rejected with a specified probability). 

In the following section, the CAC schemes are surveyed for FDMA/TDMA and 
CDMA cellular networks. 

2.3.3  Review of CAC schemes 

2.3.3.1  CAC schemes in FDMA/TDMA cellular networks 

In FDMA/TDMA systems, the channel capacity is bandwidth-limited and bears a hard 
limit. Thus, a call request can be admitted when there is a spare channel. In (50), an 
extensive and comprehensive survey of CA schemes for FDMA/TDMA cellular networks 
is provided. CAC schemes must reflect the underlying CA schemes for efficient RM. The 
readers are therefore referred to (50). However, there have been some new works 
investigating CAC schemes for FDMA/TDMA cellular systems since (50) was published 
in 1996. 

In (170), the simplicity and efficiency of fixed CA based CAC with GC policies for 
handling priority handoffs is reconfirmed. The authors also make one step further with a 
proposal of a FGC (Fractional GC) scheme, in which new calls are accepted with a 
certain probability (soft decision) depending on the current channel occupancy state. In a 
traditional GC scheme, for a cell with a channel capacity of C (i.e., utmost C calls can be 
served simultaneously), a channel occupancy threshold T is defined as to reserve C−T 
channels for handoff calls exclusively. Thus, a new call is admitted into the cell only 
when the number of ongoing calls is less than T; and a handoff call is dropped if there is 
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no free channel available in the cell upon its arrival. In a limited FGP scheme, a new call 
can be admitted into the cell with a probability of α in between 0 and 1 if the current 
channel occupancy exceeds T. This is designed to enhance the flexibility and efficiency 
of static CAC with GC while maintaining the simplicity. 

In (171), a distributed CAC scheme is proposed. This takes into account the number of 
active calls present in both the current cell and its adjacent cells for making a decision on 
admitting a new call. The rationale for this is that a newly admitted call not only affects 
the ongoing calls in the cell where the new call is originated, but also affects the calls in 
the adjacent cells due to possible handoffs. The control is done at each cell in a 
distributed fashion. The BSs are required to exchange state information of the adjacent 
cells periodically. 

In (172), a predictive CAC scheme based on an estimation of future resource 
requirements with an introduction of a shadow cluster concept is proposed. The coverage 
of a shadow cluster for an active mobile user consists of the cell where the mobile is 
currently located (i.e., the center of the shadow cluster) and all its adjacent cells along the 
travel path of the mobile. The BS shares the future probabilistic information of the active 
mobile users currently under its control with the neighboring cells. Then, using this 
information, the BSs that are involved in the shadow cluster of an active mobile user will 
predict future demands and reserve resources. The cluster area changes when the mobile 
is handed off to other cells, thus a tentative shadow cluster needs to be implemented for 
each new call as well as handoff call. There are three steps in the implementation of such 
a predictive CAC scheme: to determine the projected active mobile probabilities; to 
calculate the resource demand of the new calls; and to execute the CAC in a distributed 
fashion. The simulation results show that the shadow cluster scheme is able to reduce the 
percentage of dropped calls. The performance of this scheme depends on the prediction 
accuracy of the future mobile movements. This also requires high storage and 
computation, and excessive signaling overhead for exchanging real-time information 
about dynamic movements, traffic patterns, and bandwidth utilization of individual 
mobile users in the network. 

In (177), a dynamic CAC scheme using stochastic control is proposed to provide a 
precision QoS guarantee against a minimum required target of the handoff dropping 
probability. This scheme performs a periodical control. The acceptance ratio ai, defined as 
the maximum fraction of new calls to be admitted into cell i in the following control 
period, is calculated at the beginning of each control period. This is based on solving a 
non-linear equation of the predicted average dropping probability set equal to the 
minimum target. The prediction of the average dropping probability takes into account 
the available capacity, traffic distribution, and effect of multiple handoffs in the nearest as 
well as in the second and third nearest neighboring cells. The proposed CAC scheme then 
admits new calls into cell i with a probability of ai over each control period. Thus, the 
control is dynamically adjusted to the system and traffic conditions, and avoids a sudden 
overload of the network. This leads to more effective and stable system operation. The 
results show that the scheme is insensitive to the network load and the dropping 
probability is maintained at a stable level over a wide range of the offered traffic. This, 
however, compromises the practicality of the predictive derivation and expression of the 
acceptance ratio, that is, the prohibitive computational complexity and signaling load to 
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keep track of the global network states an otherwise large delay and reduced effectiveness 
if the periodical control interval is large. 

The above CAC schemes and, in general, most of the CAC schemes in FDMA/TDMA 
cellular networks, whether static or dynamic with hard-decision or soft-decision, are 
actually based on a fixed CA. In this regard, the objective of the CAC schemes is to 
utilize a fixed number of channels assigned to each cell efficiently, giving priority to 
handoff calls. The admission decision and call set-up can be made fast. In the survey of 
CA schemes reported in (50), a number of dynamic and hybrid CA schemes are also 
included. These are considered as the basis of dynamic and hybrid CAC schemes. The 
computational complexity and signaling overhead involved in the decision process of 
such CAC schemes can be prohibitively high, as online and complete knowledge of 
global system states is required. 

2.3.3.2  CAC schemes in CDMA cellular networks 

CAC in CDMA cellular networks has been specifically addressed as a means of 
managing interference (load control) to ensure efficient QoS support, as the capacity of 
CDMA systems is interference-limited (78, 160-161). CAC directly controls the number 
of users in a cell in order to keep MAI under a tolerable limit so that an adequate RL 
performance and required QoS for each user can be maintained. This clearly indicates 
that there is a trade-off between the system capacity and the overall communications 
quality, that is, GoS and QoS in effect. In general, due to the time-varying soft capacity of 
CDMA systems, the decision of CAC exhibits an error in both directions: to accept and to 
reject. This is with respect to the predictive condition that the system outage state is 
avoided and that the resource utilization is optimized. Thus, CAC schemes for DS-
CDMA cellular networks are considered as hybrid. 

In (178-180, 184, 186), number-based CAC schemes are considered for single-service 
or integrated voice/data CDMA systems. The priority is given to voice users and the 
packet transmissions of data users have to adapt to the remaining system capacity. Perfect 
PC is assumed. The capacity index of the voice/data users, i.e., the maximum number of 
voice/data users that can be accommodated in the system simultaneously, is specified, 
i.e., based on (2.29). Thus, the operation of number-based CAC schemes is quite similar 
to the fixed-assignment FDMA/TDMA systems. This provides a great simplicity for 
implementation and analysis. The efficiency and robustness of number-based CAC 
schemes, however, depends on the capacity provisioning of CDMA systems. This is 
mapped on the system characteristics (other/own cell interference ratio, noise figure, etc.) 
and QoS requirements (bit rate, SIR target, data source on/off factor, etc.). This, however, 
cannot fully adapt to the actual soft capacity, which varies with fluctuating interference 
levels from own cell and neighboring cells. Thus, an underestimate of the capacity index 
will result in a waste of precious network resources and, on the other hand, an 
overestimate of the capacity index will result in a degradation of communication quality 
and congestion. 

In (181), effective-bandwidth-based CAC schemes are introduced for multi-class 
CDMA cellular networks. This details the number of mobiles of each class in each cell 
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that the system can admit so as to maintain an acceptable QoS using an effective-
bandwidth concept, which is applied in the analysis of statistical multiplexing of ATM 
networks. The result is an admissible region bound by a finite number of hyper-planes 
corresponding to multi-class capacity indexes. Thus, this can be considered as a multi-
class extension of the number-based CAC schemes for the single-class or dual-class 
systems presented above. 

In (182), SIR-based CAC schemes are introduced for a single-service CDMA cellular 
system. The effects of the radio propagation, call-arrival process, and traffic distribution 
among cells are taken into account. The residual capacity, defined as the maximum 
number of additional calls that the BS can handle while keeping the system-wide outage 
probability below a certain threshold, is introduced. Perfect PC is assumed. The effects of 
handoffs and background noise are ignored. The residual capacity is calculated 
periodically according to the received SIR measurement at the BS. Then, two distributed 
SIR-based CAC algorithms are proposed. The first is based on the SIR measurement of 
the local cell, and the second takes the SIR measurements of the adjacent cells into 
consideration at the same time. In the local CAC scheme, upon the reception of a call 
request, the BS checks the residual capacity of the local cell and accepts the call if the 
current value of the residual capacity is non-zero then it reduces it by one; otherwise, it 
rejects the call. The global CAC scheme follows the same steps. However, the residual 
capacity is now set to the minimum of the residual capacity of the local cell and the 
relative residual capacity of all the adjacent cells in effect. This ensures that admitting the 
new call will not affect the required QoS of the adjacent cells. The simulation results 
show that, when the spatial distribution of the traffic load is uniform, the local scheme 
outperforms the global one and the opposite in the hot-spot case. Furthermore, the global 
scheme tends to balance out the blocking probabilities between the hot-spot cell and its 
adjacent cells. 

In (187), a SIR-based CAC scheme is investigated for CDMA cellular systems 
supporting multimedia services. This takes into account the load imbalance between UL 
and DL in a multimedia environment by considering both the UL and DL criteria. In the 
UL direction, the BS measures the received Eb/N0 for each active call and calculates the 
average Eb/N0 for each traffic class periodically. The BS estimates the resulting Eb/N0 for 
class k when a call of class i is accepted. The UL criterion is that a call of class i can be 
accepted if only the estimate of the resulting Eb/N0 for all class k is above its threshold. 
The same steps are carried out in the DL direction assuming that the MT of each active 
user measures the received Eb/N0 and reports to the BS periodically. Thus, a final decision 
of accepting a new call is made upon the satisfaction of both the UL and DL criteria. The 
proposed scheme handles a handoff request in a similar fashion. The priority is given to 
handoff calls over new calls by setting Eb/N0 thresholds for handoff admission lower than 
that for new calls. The results demonstrate that the proposed scheme can operate well in 
practical CDMA mobile multimedia systems, such as IMT-2000. The performance 
properties, such as simplicity/efficiency trade-offs, are not discussed. 

In (179, 188), interference-based CAC schemes are introduced for single-service 
CDMA cellular systems. In (179), the interference-based CAC scheme is based on 
monitoring MAI generated in a cell instead of the number of ongoing users and is 
considered as a counterpart of the number-based CAC. The MAI threshold, 
corresponding to the channel capacity, is set on cell basis. In (188), the interference-based 
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CAC scheme is investigated via a dynamic CA scheme, which is also based on MAI 
measurements. The idea is that a new channel is assigned if the predictive interference 
after assigning the channel is less than a certain threshold. To give priority to handoff 
calls and enhance GoS, appropriate MAI thresholds are proposed to reserve resources 
(similar to the GC policy). In (78, 185, 190), the previous interference-based CAC 
schemes are extended to accommodate multi-class users in CDMA mobile multimedia 
systems. Thus, before accepting a new call, the current level of MAI is measured. If it is 
larger than a certain threshold, MAIMAX, then the call will be blocked; otherwise, the call 
will be accepted. The threshold MAIMAX is determined by the outage threshold set for 
each user class. Two CAC schemes are presented: local and global. The local scheme 
bases its decision on MAI measurements of the local cell without considering the impact 
of a new call on the adjacent cells. This can cause quality degradation to the adjacent 
cells, especially in the case of non-uniform traffic distribution where the traffic load of 
the local cell is light and that of the adjacent cells is high. The global scheme overcomes 
such problems by considering the impact of a new call on the residual capacity of the 
adjacent cells. In this case, the CAC scheme is capable of adapting to the traffic 
conditions and distributing radio resources among the cells in an efficient manner. This, 
however, comes with more complexity and overhead due to a larger amount of 
measurement, processing, and signaling required for keeping track of the global system 
states. 

2.3.4  Summary and discussion 

CAC limits and regulates the number of users admitted into the network under the 
constraints of network capacity and resource allocation strategies. Thus, CAC is an 
effective tool of RM in cellular networks for providing QoS to mobile users while 
efficiently sharing scarce radio resources through statistical multiplexing. CAC in 
FDMA/TDMA systems has been considered in the mutual context of CA, whereas CAC 
in CDMA systems has been viewed as an interference management problem. The design 
of CAC schemes, however, must take the properties that are associated with technical and 
performance concerns of wireless systems into account. CAC schemes are classified as 
static, dynamic, and hybrid according to the operational characteristics of the underlying 
decision-making process. From the implementation point of view, these can be further 
divided into modeling-based or measurement-based, centralized or distributed, local or 
global, hard-decision or soft-decision, etc. The static schemes based upon hard 
constraints of local-cell channel capacity are simple and efficient for serving with 
spatially uniform or highly loaded traffic patterns, providing that capacity and QoS 
provisioning is sufficient. This condition, in turn, presents a fundamental challenge for 
the design of mobile multimedia cellular networks, especially CDMA based systems. If 
the channel capacity is specified for the worst-case behavior of traffic, a potential 
statistical multiplexing gain can be lost; otherwise, the required QoS cannot be 
guaranteed. The dynamic schemes adapt to traffic and system conditions, and offer a 
more optimal performance which results in an increasing complexity and overhead in 
both hardware and software implementation. This is because most of the dynamic 
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schemes require additional functions performed by the network, such as measurements, 
predictions and signaling procedures for monitoring the current load states of a global 
system, i.e., multiple cells in effect. In some schemes, status information and motion 
detection of every active user are also required. Thus, complex computation, high 
processing, and a large memory to store the call status and load status are required. The 
error and delay of the measurements and status information can dramatically degrade the 
performance of the dynamic schemes. For these reasons, overdone dynamic schemes 
appear to be impractical. The hybrid schemes offer more flexibility to achieve the optimal 
performance trade-offs between different desired properties, such as simplicity and 
efficiency. 

The design and evaluation of the CAC schemes often lead to the problem of overall 
RM, teletraffic modeling and performance evaluation of the entire mobile cellular 
systems. This is complex and mathematically intractable in real-world situations. 
Therefore, effective methods for developing and evaluating CAC schemes are of research 
interest as much as efficient CAC schemes. The related works (16, 19, 21, 22, 68-79, 
169-193) have adopted various methods, ranging from using a simple birth-death queuing 
system model (e.g., Erlang-B formula) to an extensive, sophisticated network simulation 
campaign (e.g., network planning tool). These methods are categorized into analytical 
and simulation approaches. 

The analytical approach can provide a preliminary idea and solid reasoning on the 
performance of CAC schemes in a quick and elegant manner. The validity of analytical 
results, however, is limited by the assumptions made for modeling the systems in 
question. The system models for studying CAC schemes in mobile cellular networks 
include basic components such as a cellular structure model, a propagation model, an 
interference model, a traffic model, a mobility model. The system parameters have to be 
specified a priori, including those resulting from the provisioning of the system capacity, 
QoS, and performance of the RM schemes. The analytical approach most often ends up 
using a simplified, statistical system model, which consists of several basic components 
in a stationary condition and ignores the rest. 

In (16, 19, 69-71, 73, 77, 170, 175, 179, 186), static single-class CAC systems are 
described using a simple, one-dimensional Markov chain. Then, the probabilities of call 
blocking and dropping are derived based on the Erlang-B formula. In (178-180), a 
multidimensional Markov chain is used to extend the model of static single-class systems 
to multi-class systems. In (181, 190), a product-form traffic model for CDMA cellular 
networks with multiple classes of mobile users is developed. The effective-bandwidth 
concepts from the analysis of statistical multiplexing in integrated ATM networks are 
used to specify the number of admissible mobile users of each class in each cell. This 
allows applying the existing traffic modeling techniques and management strategies for 
general loss networks to CDMA cellular networks. Thus, with standard assumptions on 
the call arrival processes and the channel holding times, the stationary state distribution 
has a product form on the truncated state space defined by the CAC scheme. The impacts 
of mobility, propagation, interference, non-uniform traffic, etc., are not addressed 
explicitly in all the listed references. 

In (189, 193), dynamic CAC schemes, based on dynamic programming or 
reinforcement learning techniques, are described using a semi-Markov decision process. 
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In (161, 191-192), investigating measurement-based CAC schemes, the probability of 
call blocking is calculated by using Gaussian approximation or Chernoff bound. 

The simulation approach is the most common method used for the performance 
evaluation of the CAC schemes, especially dynamic and hybrid schemes. This approach 
allows incorporating many features of mobile cellular systems and environments into the 
evaluation framework. However, extensive modeling is still required on a system 
component basis. Hence, an appropriate combination of the analytical and simulation 
approaches can result in powerful tools for reliable and cost-effective evaluations of the 
CAC schemes and teletraffic performance. 

In (189), the work on adaptive interference-based CAC for CDMA cellular networks 
also includes implementation considerations of CAC schemes in real environments. The 
estimation algorithm for the average received interference at the BS employs a linear 
Kalman filter supplied with a measurement of the interference from existing connections 
and a prediction of the interference generated by a new connection. 

CAC is an integral component of RM in mobile cellular networks. Efficient CAC 
schemes can enhance the system capacity and service quality cost-effectively. In 
advanced multimedia cellular networks, the success of service deployment also depends 
on network capabilities in providing differentiated QoS to meet a wide range of customer 
demands. CAC schemes are vital for supporting the two-fold objective of cellular 
networks operation: (i) to deliver the required QoS; (ii) to provide operators freedom in 
controlling the payload and group behavior of traffic classes regarding the required 
services as well as subscriber classes for optimizing network utility and revenues. The 
latter is somewhat neglected in the recent research. 

The contributions of this thesis on the CAC area include simple and effective 
analytical methods for a performance evaluation of the CAC schemes in FDMA/TDMA 
and CDMA cellular networks, an analysis and synthesis of an efficient soft-decision CAC 
scheme for CDMA cellular networks, and CAC-based GoS management and 
optimization for efficient operational support of multimedia CDMA cellular networks. 
These are summarized in Chapter 3 based on Papers I, V-X. 



3 Summary of the main contributions 

This chapter summarizes the main contributions of the thesis. It provides the insights of 
the main problems, claims, approaches, results, and conclusions making up each 
contribution, and it also gives guidelines for reading the original publications, Papers I-
XVIII. Chapter 3 is divided into two sections: SPA for the contributions on the MAC area 
and SCA for the contributions on the CAC area. 

3.1  SPA − Smart packet access for centralized CDMA PRNs 

3.1.1  Implementation losses in adaptive feedback-control  
MAC schemes 

3.1.1.1  Main problem 

In the MAC survey presented in Chapter 2, a number of MAC schemes for the UL of DS-
CDMA PRN use feedback control to adapt to the channel load conditions so as to avoid 
contention and optimize the throughput. In such systems, the BS senses the channel load, 
i.e., MAI generated by the number of ongoing transmissions, and broadcasts it as FCSI 
periodically in a DL control channel. The user that has data to send uses the latest 
received FCSI to adjust its TPP, also referred to as persistence probability. In hard-
decision MAC schemes, if the current FCSI is larger than a certain threshold, the user 
will refrain from transmission; otherwise, it transmits the packet immediately with 
probability equal to 1. In soft-decision schemes, the user independently attempts to 
transmit its packet with probability π and refrain from transmission with probability 
(1−π), where π is a probabilistic function of the current FCSI and also referred to as a 
decision function. The FCSI can be defined as the number of ongoing transmissions in 
case the system supports a single class of users. The decision functions in FCSI based 
MAC schemes are illustrated in Figure 5. 
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The performance of such schemes depends on the availability and correctness of FCSI 
relative to the frequency at which the channel state varies and the capability to utilize 
such FCSI in the adaptive operation of MAC by the decision function. Thus, for practical 
implementations of the FCSI based MAC schemes, some additional issues should be 
addressed. These include the effects of feedback delay, access delay and imperfect 
sensing of FCSI, which are usually set aside or ignored in most of the related papers 
(113-114, 116-121, 125-129). The access delay is defined as a sum of the processing time 
of the decision-making process in a user terminal and the UL propagation delay, 
excluding the random back-off delay. The feedback delay is a sum of the processing time 
of the channel-sensing process in the BS and the DL propagation delay. Furthermore, it is 
of interest to investigate the optimal decision functions to enhance the efficiency and 
robustness of corresponding MAC schemes against the aforementioned effects. 

Fig. 5. The motivation behind the FCSI based MAC protocols. 

3.1.1.2  Claim 

This contribution presents a performance analysis of FCSI based MAC schemes in the 
presence of feedback delay, access delay, and imperfect channel sensing simultaneously. 
The effects of such issues are referred to as system imperfections. The system sensitivity 
functions are introduced to characterize the relative performance losses due to system 
imperfections. These losses are also referred to as implementation losses. The trade-offs 
between average system throughput, packet delay, and outage probability in the presence 
of system imperfections are discussed based on a number of queuing system models and 
numerical results. 

This contribution shows that using a smart decision function for the adaptive MAC 
allows the system not only to outperform the pure ALOHA and static counterparts, but 
also to tolerate high degrees of system imperfections. This method is also referred to as 
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SPP. The SPP thus significantly enhances the robustness over system imperfections, for 
example, with up to 15% of the false-alarm rate in sensing FCSI and the access timing 
delay of 20% of the mean packet service time. The access timing delay is defined as a 
sum of the feedback delay and the access delay (119). 

The basic work was first published in Paper IV. It was then refined and extended with 
new decision functions and results in Paper II, which is selected to reprint in the 
appendices. 

3.1.1.3  Approach and result 

The system model is basically as follows. The UL of a single-cell DS-CDMA PRN is 
considered, in which N data users of the same class attempt to transmit their packets 
independently. Each user is assigned a unique code sequence of NC chips. The packets 
have the same format with TTI of TP milliseconds. It is assumed that PC and 
transmission/reception in the DL direction are perfect. However, the effects of system 
uncertainty and errors due to time-varying radio channels are investigated in the context 
of imperfect channel sensing. The channel threshold effect of the interference-limited DS-
CDMA system with perfect PC can be characterized by a capacity constraint K as the 
maximum number of tolerable simultaneous packet transmissions. This can be specified 
based on (2.14) or (2.29). The channel state is defined as the number of ongoing packet 
transmissions, denoted by n; and a packet is considered as successfully transmitted if 
during its TTI the channel state n never exceeds K. The system outage probability is 
defined as the probability that the channel state n exceeds K. 

In FCSI based MAC systems, if a terminal has a packet to send, it uses the latest 
received FCSI, identical to the current channel state n in the ideal case, to calculate πn as 
TPP. It then transmits with probability πn and refrains from transmission with probability 
(1−πn). 

For the hard-decision system, πn is defined by: 

⎩
⎨
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=
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nπ . (3.1) 

For the soft-decision system, i.e., the SPP, different πn functions are introduced and 
investigated as follows. 

⎪
⎩

⎪
⎨

⎧

<≤

<≤

=
+

−

 otherwise      ,
  if       ,

0  if              , 1

UBn

LAn
n U nL

Ln

π

ππ , (3.2) 

where L ,U, A and B are positive parameters, L ≤ K ≤ U and 0<π <1. 
The alternative is to use a tangent hyperbolic function, tgh(n), as: 
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where a and b are also positive parameters. Equation (3.3) can be further modified as: 

( )[ ] 2,1,,1
2
1

=−−= kbntghπ kn βα , (3.4) 

where ( ) 0,0   2,1,,, >>= βαβα kntghk  is defined as 

nn

nn

nn

nn

ee
eentgh

ee
eentgh βα

βα

βα
βαβα

βα
βαβα −

−

−

−

+
−

=
+
−

= ),,(;),,( 21 . 

The sets of the free parameters in the above functions, i.e., {L, U, A, B} {a, b}, and {α, 
β}, are introduced to be tuned for optimization purposes. 

In order to quantify the performance losses in the presence of imperfect sensing, we 
introduce two parameters: D ≡ Pr{the BS correctly detects the channel state under the 
threshold K}; and F ≡ Pr{the BS falsely detects the channel state over the threshold K}. 
In general, these two parameters are mutually state-dependent. In our system model, 
these are treated as constants taking different values. In the presence of imperfect sensing, 
the channel state can be up to the number of users in the system N instead of K, even in 
the hard-decision system. 

The traffic model is based on the following assumption. The system offered load of 
data packets is generated by the finite population of N users according to a state-
dependent Poisson process with a rate λn. The packet arrival (including retransmissions) 
at each user terminal also follows the Poisson process with a rate λ. The state model of 
user terminals in the MAC operation is detailed in Papers II and IV. 

The throughput improvement offered by using FCSI based MAC schemes depends on 
the feedback delay and access delay relative to the rate at which the channel state varies. 
If the channel state is changing fast compared to the controlling delay, then the users can 
no longer adapt to the channel variations and hence the access control may not be 
effective. To make it work, proper choices and trade-offs of the model and design 
parameters must be made. In our system model, to trace the changes of the channel states 
during the service time of a packet, an Erlang type r distribution function with mean 
1/μ ≡ TP is chosen to represent the service process. This service process can be seen as 
consisting of r identical stages; each follows an exponential distribution with mean 1/rμ 
(213). It is assumed that the channel state may vary from stage to stage, but remains 
unchanged within a stage during the packet transmission; and that the BS senses the 
channel state and broadcasts its FSCI once per stage, i.e., every TP/r interval. For the 
validity of this assumption, r should take such a value that the probability of having more 
than one event (arrival/departure) in TP/r interval is negligible and, at the same time, TP/r 
must be feasible for the updating process of FCSI. For instance, if TP = 20 ms and r = 30, 
then TP/r = 2/3 ms that is identical to the basic time slot (also used as a contention slot of 
the random access channel) defined in the 3GPP standards for UMTS (21). The earlier 
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works (125, 129) use the assumptions that utmost one event can occur in a time slot and 
that feedback delay and access delay are zero to justify the validity of the system model. 

To simplify the analysis, the access timing delay, defined as a sum of the access delay 
and the feedback delay, is modeled with an exponentially distributed RV having a mean 
of 1/γ and being independent of the service time. If the access timing delay is smaller 
than the feedback-control period of TP/r ≡ 1/rμ, which is considered to be very small 
compared to 1/λ and 1/μ, the effects of the aforementioned delays can be ignored. In case 
the access timing delay is not smaller than TP/r, the effects of the delays may cause an 
undesired expansion of the channel states. Thus, to incorporate the delay effects in the 
analytical method, the service time distribution as well as TPP for a transmission attempt, 
at a given channel state, need to be modified. In (118), a hypothetical packet concept has 
been developed to take care of the access timing delay, also resulting in an expansion of 
the channel states. This state expansion is assumed as a Poisson RV. For this reason, in 
some cases an average system throughput that even exceeds the channel threshold has 
been obtained. In our model, based on the validity condition presented above, the number 
of channel states can increase by a maximum factor of ⎣ ⎦γμ /r . TPP for a transmission 
attempt is now to be modified as: 
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where Ga is the average offered load of the system and πn is defined above. 
Meanwhile, each packet generated with rate λ at a terminal will experience a mean 

delay of 1/γ before entering service, excluding a random back-off delay in the case of a 
retransmission. If the wasted time, defined as a minimum of the access timing delay and 
the time until the next attempt due to a random back-off, is treated as a part of the service 
time, the system can be seen with no delays. The average value of the wasted time is 
equal to )/(1 γλ + . The distribution of the modified service time is the convolution of the 
service time distribution and the wasted time distribution. The mean of the modified 
service time, as 1/γ is very small compared to 1/μ, is approximated as 

γλμμ +
+=

11
'

1 . (3.6) 

The performance analysis is step-by-step expanded in Paper II and IV to cover various 
scenarios of the ALOHA, hard-decision and soft-decision systems. In order to make it 
systematic and comparative, the systems with ideal conditions, referred to as perfect 
systems, are discussed first and then the effects of imperfections are gradually analyzed. 
The applied generic queuing system model resembles M/Er/K/N, that is, with exponential 
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inter-arrival, r-stage Erlang service, K servers, and N system-state space. The essential 
here is that the generic queuing system model eventually ends up having a blocking 
probability given by the Erlang formula (213), e.g., when N is set to K as in a perfect 
hard-decision system. This special case, referred to as ideal CLSP/DS-CDMA PRN, is 
used as a core system to investigate the adaptive possibilities in some of the later 
contributions. The detailed analysis can be found in Papers II and IV. 

In the case of imperfect systems, the sensitivity functions representing the relative 
losses of throughput-delay performance characteristics as functions of the imperfection 
parameters, that is, the imperfect sensing probabilities and the normalized access timing 
delay, are introduced. The throughput sensitivity, Ss, is defined as 
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where S is the system throughput in the presence of the corresponding imperfections and 
S0 is that of the perfect counterpart. 

The average-packet-delay sensitivity, Ds, is defined as 
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where DP is the average packet delay in the presence of the corresponding imperfections 
and D0 is that of the perfect counterpart. 
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Fig. 6. Throughput delay trade-offs with/without system imperfections. 
For numerical examples, the following set of system parameters is used in Paper II, 
which is selected for reprint in the appendices: K = 7, N = 30, TP = 20 ms, r = 30. This set 
is chosen to be compatible and comparable with that used in (112, 115), while the validity 
condition is kept. The offered load per user is characterized by the product λTP that takes 
a normalized value in {0.1, 0.2, ..., 1}. The results show that the soft-decision system 
with a suitable decision function outperforms the hard-decision counterpart in terms of 
throughput delay trade-offs, especially when the offered load is high (i.e., λTP ≥ 0.5). The 
throughput improvement can be more than 100% as in the case where the decision 
function is given by (3.3) with a = 0.5 and b = 2, while the packet delay is kept moderate 
and stable over the entire range of the offered load. The hard-decision system has a better 
delay characteristic when the offered load is low. Both the soft-decision and hard-
decision systems show more or less the same throughput sensitivity to the access timing 
delay. In highly loaded situations and if the access timing delay normalized to TP is larger 
than 20%, more than 90% performance losses can be expected. The hard-decision system 
is more sensitive to an increase of F, as it causes system outage, than a reduction of D, as 
it prolongs packet delay. The opposite is the case for the soft-decision system. However, 
the soft-decision system has much more stable characteristics over the effects of system 
imperfections as well as a high offered load. The flexibility in the design of soft-decision 
functions can also be taken for granted to optimize the system performance. Figure 6, 
which is reproduced resembling Figure 8 in Paper IV but with the parameter set of Paper 
II, captures some aspects discussed above for an illustration. 
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3.1.1.4  Conclusion 

The performance of FCSI-based MAC schemes for centralized DS-CDMA PRNs in the 
presence of various system imperfections is discussed and evaluated. The results support 
the claims stated above with a simple and effective analytical method. 

There are some possible extensions of the analytical results for future works as 
follows. In the case of imperfect PC, a continuum of the received signal power level is 
possible and the overall MAI level should be used as FCSI for access control rather than 
the number of equivalent users. Thereby, the decision function can be defined in such a 
way that adapts to the UL interference distribution, e.g., Gaussian, to compensate for the 
error of the local SIR that dominates the QoS and to benefit the soft-capacity feature of 
the CDMA systems. The model can be extended to include multimedia users with 
multiple bit rates and priorities. In this case, the system model should be modified to 
allow for bulk arrivals. The impact of radio propagation and physical-layer characteristics 
can also be incorporated more explicitly. 

3.1.2  Efficient MAC scheme with adaptive bit rate 

3.1.2.1  Main problem 

In centralized DS-CDMA PRN, the high uncertainty of the radio channel and the 
inaccuracy of PC may cause severe performance degradations. The PC problem is 
essential to the capacity, coverage, and performance of interference-limited DS-CDMA 
systems, in particular in the UL (15-19, 21-22). It is desired to have all signals received at 
the BS with exact targets of SIR for the required radio performance. To solve the PC 
problem properly, it often requires a fast closed-loop PC along with an open-loop PC for 
initial power setting (15-19). In a PRN, due to the connectionless nature of the datagram 
packet transmissions, the closed-loop PC over a short TTI of a radio packet appears to be 
impractical. The accuracy of the open-loop PC, on the other hand, is inversely 
proportional to the dynamic range of the signal variation. This variation is often large and 
stochastic in nature. The near-far effect, dominating the propagation path loss in DS-
CDMA PRN, represents a major factor affecting the design and performance of the open-
loop PC as well as the system capacity and coverage. The design of the non-adaptive 
PRN often ends up having to use worst-case scenarios of power consumption and 
resource utilization in order to ensure the required radio performance. 

The recent research results have demonstrated that adaptation can be used at all layers 
of the protocol stacks to accommodate the dynamics of a wireless channel (22, 147). This 
contribution investigates the possibility of user-bit-rate adaptation in the MAC operation 
to ease the PC problem and to enhance the performance of DS-CDMA PRN in terms of 
spectral and energy efficiency. 
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3.1.2.2  Claim 

This contribution proposes a location-dependent bit rate adaptation, referred to as SPR. 
This exploits the dependences between the path loss characteristics, user location 
diversity, transmit power, and processing gain for packet transmissions with different bit 
rates. The SPR adapts the user bit rate to the distance between the terminal and the 
serving BS while allowing the transmit power of all users to be kept within a small range 
of a preset target throughout the cell. That is, the higher the bit rate, the nearer the users 
are to the BS according to a specified power-location-rate distribution. This is illustrated 
in Figure 7. The proposed SPR thus compensates for the near-far effect and PC problem 
in DS-CDMA PRN. 

Fig. 7. SPR rate-location-power resolution. 
This contribution, by using both theoretical analysis and simulation, shows that the 
proposed SPR system gains a significant improvement in throughput delay trade-offs 
compared to the non-adaptive counterpart having the same coverage, offered traffic, and 
QoS requirements. The SPR substantially reduces the headroom of PC and stabilizes the 
transmit power of MTs. This, in turn, reduces the peak transmit power and power 
consumption of MTs, as well as the inter-cell interference. The SPR therefore 
significantly enhances spectral and energy efficiency. 

The SPR is gradually developed and evaluated in Papers XI, XII, XV, and XVI 
considering various system scenarios, models, parameters, and their impact on the system 
performance. This has led to the development of new concepts, such as “green wireless 
networks” reported in Paper XV, and analytical methods to deal with complex dynamics 
of multi-user multi-rate wireless systems including stochastic fluctuations of the radio 
channel and multiple-access capacity, traffic load, user spatial distributions, user mobility, 
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and PC inaccuracy. These can be claimed as additional contributions as well. Paper XII is 
selected to reprint in the appendices. 

3.1.2.3  Approach and result 

The system model is based on a CLSP/DS-CDMA PRN with an infinite user population. 
CLSP is described in Chapter 2 Section 2.2.3 and considered as a static variation of 
FCSI-based MAC schemes investigated above. The sensing of the number of ongoing 
packet transmissions is assumed to be perfect and the controlling delay in the MAC 
operation to be zero. The radio packets, i.e., MAC frames formed after data 
segmentations and coding, have the same length of L bits. 

The traffic model is assumed as follows. The scheduling of packet transmissions, 
including retransmissions, at the user terminals is randomized to such an extent that the 
offered traffic of each user is the same and the overall number of packets is generated 
according to the Poisson process with rate λ. 

The propagation path-loss model is given in Chapter 2 Section 2.1.1. The imperfection 
of PC is characterized by a lognormal error of the received SIR against its target with a 
mean of zero and a standard deviation of σ. 

Two fading channel models are considered. In Papers XI, XII, and XV, a less 
correlated fading channel is considered, in which each channel state is described by an 
HMM. The channel state is defined as the number of ongoing packet transmissions. The 
HMM consists of two states, which are characterized by a different value of the bit error 
probability relative to the targeted BER. In Paper XVI, a burst-error correlated fading 
channel is considered, taking into account the impact of low user mobility. The channel 
model is developed based on fading duration statistics: LCR (Level Crossing Rate) and 
AFD (Average Fade Duration) (16, 198-202). The LCR and AFD denote the rate of 
occurrence and the average length of burst errors, respectively. These depend on the 
fading margin and the maximal Doppler frequency. 

In the case of adaptive bit rate transmissions, the channel state is also referred to as the 
occupancy vector. The channel load state, defined as the product of the occupancy vector, 
and the vector of the load factors correspond to different bit rates of the transmissions. 
The load factor is given by (2.24) and (2.28). The following notation is defined: 

R0 − the primary bit rate specified for the cell coverage and the transmit power 
restriction of users; 
T0 − the packet duration, i.e., TTI corresponding to the primary rate R0, T0 = L/R0; 
Rm− the bit rate supported by the system, Rm = 2mR0, m ∈ M = {1, 2, ..., M} assuming 
that the system supports such (M +1) different bit rates; 
Tm− the packet duration corresponding to the bit rate Rm, Tm = L/Rm. 

The SPR adaptation is specified as follows: 

r0 − the cell radius, referred to as the normalized unit of distance taking the value of 
1, corresponding to the primary bit rate R0; 
rm − the radius for the coverage of bit rate Rm in the SPR, defined as 
rm

−α/Rm = r0
−α/R0 = 1/R0, where α is the path-loss exponent. Thus, rm = r02−m/α = 2−m/α, 



 90

and the cell area are divided into (M +1) rings centered to the BS as for a spatial 
resolution of the user location. This is illustrated in Figure 7, providing that rM+1 = 0. 
The SPR then adapts the bit rate R of a user transmission to the distance d between 
the user and the base station as: 

If rm+1 < d ≤ rm then R = Rm for all m∈M, and rM+1 = 0. (3.9) 

The factor d−α/R is thus kept moderate throughout the cell, and so it allows approximately 
a constant transmit power Ptx to be used for all terminals at any time according to (2.1) 
and (2.3), assuming no fading. In the equilibrium condition, the SUD is generally 
modeled with a function of f(d,θ), where θ is the angle coordinate taking value in [0, 2π]. 

The equilibrium probability of a successful packet transmission is defined as the 
product of three factors: the probability that the packet is not blocked due to CLSP; the 
probability that the packet is not corrupted due to system outage; and the probability that 
the packet is not faded. 

Fig. 8. Throughput-delay improvement of SPR. 
The throughput delay performance characteristics, including goodput, are derived. This is 
based on a stochastic multi-rate loss network model, coupling with a Gaussian 
approximation for the interference distribution and the outage probability. The details are 
presented in Papers XI, XII, XV, and XVI. In the SPR system, a smaller processing gain 
due to a higher bit rate transmission is compensated for by a shorter TTI and a smaller 
SIR target required for maintaining the QoS requirement. Furthermore, the SPR 
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significantly reduces MAI, especially inter-cell interference, as the number of 
simultaneous transmissions in the adaptive system is smaller than that in the non-adaptive 
counterpart for the same offered load and the transmit power of the users is stabilized at a 
preset level. The results, overall, show that the SPR significantly enhances the throughput 
delay performance. The performance of the SPR system, however, is sensitive to SUD 
and the path-loss law exponent. This can be desirable because as more users are put to 
use higher bit rates this boosts up the rate and reduces the time of communications. 
Figure 8, which is the same as Figure 4 in Paper XII, presents the throughput delay 
improvement offered by the SPR, for example. 

3.1.2.4  Conclusion 

The performance of DS-CDMA PRN using SPR is evaluated against the non-adaptive 
counterpart based on both analysis and simulation. The SPR is a simple and effective 
scheme to improve the efficiency and robustness of the centralized PRN. The SPR allows 
the users to keep approximately the same transmit power and consume the same energy 
per packet at any time. This not only reduces interference to adjacent cells so as to 
improve cell capacity comparable to that of an isolated cell, but also enhances cell 
coverage and radiated power towards the users. Thus, the SPR can be considered as 
environment-friendly and this aspect can be further developed into a “green wireless 
networks” concept caring for human wellbeing as reported in Paper XV. 

3.1.3  Efficient MAC scheme with adaptive packet length 

3.1.3.1  Main problem 

The impacts of highly erratic radio channels (i.e., fading impacts) often cause serious 
performance losses to PRN, which non-adaptive MAC schemes of PRN are not able to 
compensate for. The length of radio packets, which is controlled by the MAC layer, 
matters. The smaller the packet length, the better the likelihood of the packet being 
successfully transmitted over a fading radio channel and, at the same time, the heavier the 
protocol overhead. This is shown in the following formula of the goodput G, defined as 
the average data rate successfully transmitted excluding the protocol overhead or, that is, 
the effective throughput (146, 147): 

G/R0 = Pc(L−H)/L, (3.10) 

where: 

R0 − the bit rate of packet transmissions in kb/s; 
L − the packet length in bits; 
H − the length of the packet header plus trailer in bits; 
Pc − the probability of correct packet transmission. 
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For perfect codes and channels with independent bit-errors (16, 207) 
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where: 

Pe − the average bit error probability; 
Ne − the maximum number of correctable error bits that represents the error-
correcting capability of the applied FEC coding. 

Equations (3.10) and (3.11) can be used for the derivation of an optimum packet length as 
in earlier works (137, 142, 146-147). To obtain applicable results for a specific system, 
the dynamics of the channel conditions and the effects of the system parameters on the 
performance have to be studied. This contribution investigates the possibility of packet 
length adaptation in MAC operation for enhancing the performance of CLSP/DS-CDMA 
PRN over burst-error correlated fading channels. In certain conditions, such adaptive 
MAC schemes improve the efficiency and robustness of wireless systems without the 
need of excessive, power-consuming signal processing as required for using advanced 
FEC coding and diversity techniques. 

3.1.3.2  Claim 

This contribution develops two alternative schemes for packet length adaptation over 
burst-error correlated fading channels in DS-CDMA PRN, referred to as SPL. The 
adaptation criteria eliminate the impact of fading with respect to an optimal trade-off 
between the system throughput, average packet delay, and goodput. The first SPL 
alternative keeps the packet length as large as possible to avoid degradation of the 
goodput while fulfilling a specified lower limit of PER. The second SPL alternative 
optimizes the goodput of individual users. The channel model is adapted to low user 
mobility in PRN. The correlation between the fade/interfade duration, packet length, 
packet header size and their impact on system performance characteristics is studied in 
order to develop alternative cost functions for packet length optimization and adaptation. 

This contribution, by using both theoretical analysis and simulation, shows that the 
proposed SPL significantly improves the system performance in terms of robustness, 
spectral and energy efficiency. This is carried out in comparison with the non-adaptive 
counterpart. This contribution also provides a comprehensive analytical method for 
modeling the system dynamics such as user mobility and offered traffic in highly 
correlated fading environments, investigating the effects of different system parameters, 
and deriving the performance measures. 

The SPL is gradually developed and evaluated in Papers III, XIII, and XIV. The SPL is 
also found in Paper XVIII for an optimal performance of end-to-end TCP applications 
presented in the next contribution. Paper III is selected to reprint in the appendices. 
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3.1.3.3  Approach and result 

The core of the system model is also based on a CLSP/DS-CDMA PRN with an infinite 
user population as in the previous contribution. It is assumed that the system operates at a 
2.4-GHz carrier frequency with omni-directional antennas, a user bit rate of 64 kb/s, and 
a processing gain of 64. The user velocity is in the range of 0-4 m/s. Thus, it takes at least 
32 ms for a mobile user to travel a distance of one wavelength and the maximal Doppler 
frequency is up to 32 Hz. The following modeling extensions are added. 

It is well-known that at a selected carrier frequency the physical characterization of the 
fading channels can be expressed in terms of the fading margin and the normalized 
Doppler bandwidth. For low user mobility, the Doppler bandwidth is small and the fading 
process is highly correlated. In this case, the interdependence of channel errors cannot be 
neglected and (3.11) is not applicable. The fading channel model is based on 
fade/interfade duration distribution, i.e., LCR and AFD statistics of a multi-path Rayleigh 
fading channel taking into account diversity-combining gains at the RAKE receiver of the 
BS. 

The probability of a correct packet transmission over a fading channel depends on the 
number of fades occurring during the transmission period, the burst-error duration under 
fading, and the error-correcting capability of the applied FEC coding. The simulation 
results in Paper III as well as the earlier works (138-140, 144, 147, 206-210) demonstrate 
that FEC coding is not efficient in such highly correlated fading channels. This is because 
the burst-error duration can be expected in the range of multiple milliseconds, and thus an 
error-block under fading can contain hundred(s) of bits depending on the bit rate. In order 
to correct them with FEC coding, the coding rate has to be impracticably small or the 
interleaving depth has to be impracticably large. Thus, in highly correlated fading 
channels, the probability of a correct packet transmission, as a function of packet duration 
T = L/R0 and maximal Doppler frequency fd, can be approximated as follows 

)/()/()/exp(),( _1__ avrgifavrgifavrgifdsf tTEtTtTfTP −−= , (3.12) 

where tif_avrg = 1/LCR−AFD denotes the average interfade duration; T takes value in 
[Tmin, Tmax] as 10 ms or multiples thereof; and 
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The detailed derivation of (3.12) is given in Paper III. 

(A1): First SPL Alternative. The following system parameter is introduced: β − the 
required rate of successful packet transmission, i.e., 1−PER, depending on the nature of 
systems and services. To satisfy such a requirement in the system with a fixed packet 
length, the packet duration may need to be set to Tmin resulting in a significant 
degradation of goodput. This SPL alternative adapts the packet duration T (and so 
L = R0T) to the time-varying channel conditions so that Psf(T, fd) is kept above β while 
keeping T as large as possible for maximizing the goodput. This can be formally 
described by 
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T = arg max{T: Psf(T, fd) ≥ β, Tmin ≤ T = 10x ≤ Tmax}, (3.13) 

where x is a positive integer. 

(A2): Second SPL Alternative. This SPL alternative adapts packet duration T to the time-
varying channel conditions so as to maximize the normalized goodput of individual users, 
which is similar to that of (146, 147) 

T = arg max{Gsf(T, fd) = Psf(T, fd)(R0T−H)/R0T; Tmin ≤ T = 10x ≤ Tmax}. (3.14) 

Equations (3.13) and (3.14) are solved by numerical methods. Depending on the maximal 
Doppler frequency of the mobile, there is a constraint of T that satisfies (3.13) or (3.14). 
Thus, to implement (A1) and (A2) alternatives, only an online estimation of the maximal 
Doppler frequency is required. This is available and can be extracted from the parameter 
estimations of the RAKE receiver. 

For modeling the dynamics of user mobility and the distributions of the conditions that 
drive the SPL adaptation, a DFD (Doppler Frequency Distribution) function is 
introduced. Let the DFD function be v(fd), where fd is limited between fd_0 = 0 and fd_max 
due to constraints of the system model. In a simple and dynamic case of user mobility, 
v(fd) can be modeled with a uniform PDF; and in a more general case, v(fd) can modeled 
with a general Gamma PDF 

bfa
dad

def
ab

fv /1

)(
1)( −−=

Γ
, (3.15) 

where a is the shape parameter, b is the scale parameter, and Γ(x) is the Gamma function. 
Thus, by adjusting the a and b parameters, a suitable PDF can be obtained to fit numerous 
scenarios of user mobility and expansion of the Doppler frequency range. This PDF 
family also includes deterministic PDF and exponential PDF as its special members, in 
which the shape parameter a is infinite or 1 respectively. For example, in case that the 
majority of mobile users are moving very slowly, the exponential or the Gamma PDF 
with a = 2, b = 3, denoted with Gamma PDF (a = 2, b = 3), can be used for modeling. The 
uniform or the Gamma PDF (a = 2, b = 6) can be used for more dynamic systems. 

The details of the system modeling and the derivation of the performance 
characteristics are presented in Papers III, XIII, and XIV. The results clearly show the 
following. The non-adaptive system with a small packet size can offer better throughput 
and delay performance, but suffers from worse goodput performance; and vice versa with 
a large packet size. There is an optimal packet size for the overall system performance 
depending on the traffic load, MAI, and DFD. This can be used to obtain a global 
optimum solution for the SPL, as the proposed SPL alternatives, however, are sub-
optimum. For instance, setting Tmax according to the system load condition can further 
enhance the system performance against the effect of MAI without major changes in the 
SPL. That Tmax is reduced in high-load situations will reduce the number of simultaneous 
transmissions and MAI, and thus the chances against system outage. This is especially 
effective in less dynamic systems. The (A1) SPL alternative offers the best overall system 
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performance: best goodput and stable throughput delay characteristics over a large range 
of system dynamics. The (A2) SPL alternative provides a fair gain in light-load 
situations. Figure 9, which is the same as Figure 8 in Paper III, illustrates the goodput 
improvement offered by the SPL with (A1) and (A2) alternatives in comparison with that 
of non-adaptive systems with different fixed packet lengths of 10, 20, 40, and 80 ms, 
referred to as F10, F20, F40, and F80. 

Fig. 9. Comparison of normalized system goodput for SPL. 

3.1.3.4  Conclusion 

The performance of DS-CDMA PRN using SPL is evaluated against the non-adaptive 
counterpart based on both analysis and simulation. The SPL is a simple and energy 
efficient method to improve system performance in highly correlated fading channels. 
The claims stated in the above are justified. For further studies, one may consider other 
fading and interference scenarios, impacts of adaptive FEC coding and different physical 
layer transport formats, effects of and imposed on higher-layer protocols. 
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3.1.4  Adaptive MAC schemes for optimal trade-offs between throughput 
and energy efficiency of TCP applications 

3.1.4.1  Main problem 

TCP currently carries the largest amount of traffic in the Internet (6, 39). The 
convergence of fixed and wireless services, especially the increasing popularity of 
wireless Internet access, expects that existing TCP applications also work well in wireless 
environments. TCP is optimized for wired networks. In wireless networks, TCP exhibits 
performance degradation due to random packet losses, unpredictable delay and delay 
variation over the RL. Furthermore, the battery energy conservation for MTs, operating 
such applications often and for a long period of time, is an important factor to the service 
success. 

Existing attempts to solve these problems fall into three categories: split-connection, 
end-to-end, and link-layer schemes (143). The latter for loss recovery on the RL fits 
naturally into the protocol-layering structure of mobile cellular networks. These are the 
most promising solutions to improve TCP performance independently from which TCP 
version is used. The commonly used link-layer schemes include FEC, ARQ, and packet-
scheduling schemes. The energy conservation aspect is often set aside. 

The objective hereby is to develop adaptive MAC schemes for packet access over 
correlated fading channels in CDMA cellular systems to achieve optimal trade-offs 
between throughput and energy efficiency with TCP applications. Both HSPA and LSPA 
modes using ARQ protocols are considered. In typical HSPA, different users share a 
common transport channel with a peak bit rate, for example, over 2 Mb/s, separated from 
each other in time/code domains. The packet transmissions are synchronized at a fixed 
TTI of, e.g., 2 ms. In typical LSPA, each user transmits on a dedicated transport channel, 
for example, with a peak bit rate of 64 kb/s and a TTI of 10 ms or multiples thereof. The 
performance of such HSPA and LSPA has been investigated in many papers (21-22, 132-
136). The earlier works, based on extensive simulation campaigns, have observed: 

− The retransmission rate over the RL in HSPA is typically in the order of 10%-40%; 
− The retransmission attempts often fail when the mobile user moves slowly; 
− The link-layer protocol overhead, especially in LSPA, can easily take up more than 

50% of the overall RL throughput; 
− Furthermore, depending on the applied scheduling mechanisms, prioritized 

retransmissions may cause an unfair share of the channel bandwidth. 

These observations also give us motivation for further enhancements with the design of 
adaptive MAC schemes, along with the aforementioned objective. 

3.1.4.2  Claim 

This contribution develops alternative SPD schemes adapting the scheduling period 
between two successive retransmissions to the channel conditions for HSPA, and an SPL 
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scheme based on the previous contribution for LSPA. The adaptation criteria optimize the 
efficiency of resource utilization for TCP applications over correlated fading channels in 
low user-mobility environments. The adaptive schemes are derived based on an 
optimization of alternative cost functions, which are developed to express performance 
trade-offs between the TCP throughput and energy consumption depending on the 
corresponding system parameters as arguments of interest. 

This contribution, by using both analysis and network simulation, shows that the SPD 
in HSPA significantly reduces the number of retransmissions for saving energy while 
maintaining adequate TCP performance. The SPL significantly reduces the protocol 
overhead and increases the TCP throughput in LSPA without a major increase in energy 
consumption. The comparison is made against non-adaptive counterparts. The SPD and 
SPL are capable of overriding the burst-error states of correlated fading channels and 
therefore enhance the robustness of radio transmissions and allow the system to operate 
with a much lower fading margin and transmit power. Furthermore, the SPD and SPL 
improve the energy efficiency and system performance without a need of excessive signal 
processing. 

This contribution is gradually reported in Papers XVII and XVIII. Paper XVIII is 
selected to reprint in the appendices. 

3.1.4.3  Approach and result 

The system model is based on single-user scenarios. The user data (e.g., TCP/IP packets) 
are coded and segmented into transport blocks. Then, a header that contains, e.g., system-
specific addresses, transmission-control and error-control information fields, is added to 
each transport block to form a radio packet which is transmitted over the air. The stop-
and-wait ARQ protocol over the RL is applied. It is assumed that ACK/NACK is 
perfectly received and the radio propagation delay is zero. RTT (Round Trip Time) of the 
ARQ process is defined as the duration from the instant a packet is transmitted to the 
instant that ACK/NACK for that packet is received. The user velocity is assumed as being 
less than 3 m/s. 

In HSPA, a shared transport channel with a peak bit rate of 2.56 Mb/s, a TTI of 2 ms, 
and a fixed packet length of 5120 bits for radio packets, including 320 bits of the protocol 
overhead, is used. In LSPA, a dedicated transport channel of 64 kb/s is used with a TTI of 
10 ms or multiples thereof. The radio packet includes 160 bits of the protocol overhead. 

The RL is considered as the bottleneck of the end-to-end TCP connections in both 
HSPA and LSPA. The TCP data packets have to pass through three other wired links, 
each with a capacity of 10 Mb/s and a delay of 50 ms. All TCP buffers are Drop-Tail with 
the buffer length of 50 packets. TCP Reno is chosen because of its popular use in the 
current Internet. The energy efficiency herein means the average amount of energy 
consumed to transfer a data unit of TCP applications, e.g., in Joules/Octet, using either 
HSPA or LSPA. 

The fading channel model is based on that of the previous contribution, but simplified 
with a two-state Markov channel. The states, good (G) and bad (B), correspond to the 
channel conditions during the interfade duration and during the fade duration, 
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respectively. The faded packet transmission is considered as erroneous and needs to be 
retransmitted. It is desired to use a fading margin as small as possible to minimize the 
transmit power while fulfilling the radio performance requirements. The state-transition 
rates for the channel model are: 

mGB =1/tif_avrg and mBG =1/tf_avrg, (3.16) 

where tif_avrg and tf_avrg are the average interfade duration and the average fade duration, 
respectively. It is required that tf_avrg/tif_avrg<<1 for reliable data communications over 
burst-error correlated fading channels and also to justify the Markov channel model. 

SPD for HSPA. In HSPA, a bad channel state can last for tens of RTT. The motivation 
behind the SPD is shown in Figure 10. The SPD does not retransmit the packet 
immediately after receiving a NACK. Instead, it waits a dispatching time interval of TSPD 
before the retransmission. TSPD is adapted to tf_avrg, which in turn is determined by the 
fading margin and the estimated maximal Doppler frequency, subject to an optimal trade-
off between the TCP throughput and the energy consumption performance. Thus, to 
calculate the optimal TSPD for the SPD, one needs to define a reasonable cost function 
Φ(TSPD) which represents the desired performance trade-off. Let TSPD,opt be the value of 
the optimal TSPD that minimizes the cost function Φ(TSPD) 

)(minarg, SPDoptSPD TT Φ= . (3.17) 

Fig. 10. SPD concept over burst-error correlated fading channels. 
Depending on the QoS constraints, such as the maximum RL delay or RL timeout, 
different cost functions can be developed and adopted. Because the average energy 
consumption is proportional to the average number of transmission attempts for each 
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successful packet E[k] and the TCP throughput is a decreasing function of the average 
packet delay D, the following cost function is proposed: 

Φ (TSPD) = E[k]D,  (3.18) 

where E[k] and D are given as functions of TSPD. The detailed derivation is presented in 
the appendices, as it is missing from Papers XVII and XVIII. The optimization of the 
above cost function can be solved by numerical methods. 

For a more simple and more flexible implementation of the SPD, we adopt an 
alternative cost function based on the following considerations. On the one hand, if we 
underestimate TSPD, the retransmission fails and thus the energy is wasted, which can be 
represented by a cost function as 

fSPDSPD tTTTIcTC <= ,)( 11 , 

where c1 is the cost coefficient of the energy consumption and tf is the fade duration. On 
the other hand, if we overestimate TSPD, the packet delay is increased resulting in a waste 
of the channel bandwidth, represented by the following cost function 

fSPDfSPDSPD tTtTcTC ≤≤−= 0),()( 22 , 

where c2 is the cost coefficient of the extra delay and wasted bandwidth. Thus, the 
average of the overall wasted cost, as an alternative cost function to be minimized in 
(3.17), is 
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and TSPD,opt is then obtained in closed form as: 
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By choosing the ratio c1mBGTTI/c2 in the above formula, we can have a suitable TSPD,opt 
for the various system scenarios with different QoS constraints. For example, if the RL 
delay requirement can be relaxed, one can set c1mBGTTI/c2 = 1 then TSPD,opt = 0.7/mBG; 
otherwise c1mBGTTI/c2 = 0.5 then TSPD,opt = 0.4/mBG. In our system model, 1/mBG is less 
than 200 ms. 
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Table 2. Numerical illustration of SPD benefit. 

Retransmission schemes TCP throughput in kb/s Number of retransmissions over RL 
Non-SPD 218.85 34485 
SPD1 209.92 10264 
SPD2 206.22 7743 
SPD1 is based on (3.18) and SPD2 is based on (3.20) with TSPD = 0.7*AFD. 
The channel has a fading margin of 2 dB and a Doppler frequency of 7 Hz, that is, a user velocity of about 
1m/s. 

The simulation results confirm the claims with a number of retransmissions reduced by 
many times, while the TCP throughput does not change much (i.e., less than 5%). The 
SPD is expected to be even more effective in beyond-3G wireless networks, which have 
much higher data rates and shorter TTI. Table 2 gives a numerical example, based on the 
simulation results provided in Paper XVIII, to show the benefit of the SPD. 

SPL for LSPA. Similar to the SPD derivation, the optimal packet length Topt in 
milliseconds is the value minimizing the cost function Ψ(T) 

)(minarg TTopt Ψ= . (3.21) 

Let L0 denote the expected length of the TCP packets and T0 denote the expected effective 
radio transmission time of a TCP packet, which is the total transmission-plus-
retransmission time of the radio packets resulting from the segmentation of that TCP 
packet. Thus, T0 is a function of the radio packet duration T and proportional to the 
energy consumption for transferring a TCP packet. 

⎡ ⎤ [ ]TkEHRTLTT )/()( 00 −= , (3.22) 

where ⎡x⎤ denotes the minimum integer exceeding the argument, E[k] is the average 
number of transmission attempts for each successful packet as a function of T, R is the bit 
rate, and H is the size of the radio packet header. 

The expected delay of a TCP packet D0 as a function of T is calculated as 

⎡ ⎤ [ ][ ]TRTTkEHRTLTD +−−= )1()/()( 00 . (3.23) 

The following cost function is adopted for packet length optimization and adaptation in 
(3.21): 

)()()( 00 TDTTT =Ψ . (3.24) 

The simulation results show that the SPL increases the TCP throughput by about 30% 
while the energy consumption is also slightly increased by less than 6%. Table 3 gives a 
numerical example, based on the simulation results provided in Paper XVIII, to show the 
benefit of the SPL. 
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Table 3. Numerical illustration of SPL benefit. 

Retransmission schemes TCP throughput in kb/s Retransmission overhead over RL 
Non-SPL 32.32 16% 
SPL 41.26 18% 
Non-SPL has a fixed TTI of 10 ms, whereas SPL has a TTI of 40 ms, as the Doppler frequency is set to 1 Hz. 
The channel has a fading margin of 2 dB. 

The SPD and SPL schemes require neither excessive signal processing nor sophisticated 
algorithms. The only crucial parameter that has to be estimated is the maximal Doppler 
frequency which is available and can be extracted from parameter estimations of the 
advanced receiver, such as the RAKE receiver used in CDMA systems. 

3.1.4.4  Conclusion 

The SPD and SPL schemes have been developed and demonstrated as simple and 
effective methods to improve the energy efficiency and throughput performance of HSPA 
and LSPA with TCP applications in CDMA systems. These schemes are flexible in order 
to be implemented and integrated into the functionality of the MAC layer in wireless 
systems. These schemes, at the same time, give room for further enhancements with 
advanced techniques, such as adaptive modulation and coding, multi-user detection, 
interference cancellation, smart antennas. Future works may further investigate the 
benefits of the SPD combined with packet scheduling for multi-user systems. For 
example, during the SPD period of a given user, the system schedules for other users to 
utilize the channel bandwidth and improve fairness. The fairness aspect is important to 
TCP networks and can be extended. One also may consider possible applications of such 
adaptive schemes in wireless LANs, ad-hoc, and beyond-3G wireless networks. Further 
incorporation of cross-layer optimization in order to develop more efficient adaptive 
schemes is also an attractive research direction. 

3.2  SCA − Smart call admission for advanced mobile  
cellular networks 

3.2.1  Performance analysis of a class of fixed channel-assignment CAC 
with generic guard-channel policy and queuing  

priority handoffs 

3.2.1.1  Main problem 

The related topics have been investigated in many papers (16, 19, 69-71, 73, 77, 170, 
175). Even so, there are several reasons motivating us to consider the performance 



 102

analysis of fixed CA based CAC schemes with generic GC and QH in mobile cellular 
networks: 

− The reported results were exclusively based on computer simulations in case that the 
handoff dwell time, i.e., the time period needed for a mobile to pass through the 
handoff area, is modeled with something else than exponentially distributed RV; 

− The classical queuing theory has addressed those queuing systems with general 
customer impatience rather moderately; 

− There was no unified performance analysis of different GC and QH policies; 
− It is valuable for both industrial and academic purposes to have an effective method, 

with low computational complexity and high accuracy, to evaluate the teletraffic 
performance of mobile cellular networks. 

3.2.1.2  Claim 

This contribution provides a simple and accurate analytical method for performance 
evaluation of a class of fixed CA based CAC schemes with generic GC and QH in mobile 
cellular networks. The handoff dwell time is considered as a general RV. The impact of 
cell sizes and random user movements on the handoff rate is taken into account. The 
closed form solutions are obtained for the performance measures of interest, i.e., the 
probabilities of a forced termination of a handoff call, handoff failure, and new-call 
blocking. 

This contribution is detailed in Papers V and VII. Paper V presents the results for 
micro cellular systems, whereas Paper VII presents the results for both micro and macro 
cellular systems. Paper VII is selected to reprint in the appendices. 

3.2.1.3  Approach and result 

The system model considers a reference cell of a uniform multi-cell system with a 
channel capacity of c. The handoff requests are allowed to queue up in a finite or infinite 
buffer upon their arrival if no idle channel is found. It is assumed that there are two cases 
causing handoff failures. The first is that a handoff call is blocked if the queue is filled up 
in case of a finite buffer. The second is that a handoff call is forced to terminate if the 
mobile passes through the handoff area before getting a new channel. The handoff dwell 
time is denoted by ν, which is an independent RV having a general PDF of Fν(t), where 
Fν(0)  = 0. 

The call arrivals are according to Poisson processes with rate σ1 for handoff and σ2 for 
new calls. The service discipline is non-preemptive and FCFS. The service time is 
exponentially distributed with rate μ, which is decomposed into two parts (69-73, 170, 
175): 

μ  = μ1 + μ2, (3.25) 
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where 1/μ2 is the mean call-holding time given that there are no handoff failures; and μ1 
is the outgoing handoff rate. In the condition of mobility equilibrium, i.e., the mean 
number of incoming mobiles is equal to the mean number of outgoing ones per unit time 
in regard to the reference cell, we have (68): 

μ1 = E[Mu]/E[Nu], (3.26) 
σ1 = E[n]μ1, (3.27) 

where E[Mu] is the mean number of users leaving the cell per unit time, E[Nu] is the mean 
number of users in the cell area, and E[n] is the mean number of calls being served in the 
cell. These depend on cell sizes and user movements. The system state n is defined as the 
number of ongoing calls found in the cell, including handoff requests. 

The call request is accepted into the system according to a generic GC policy giving 
priority to handoff calls along with QH. Thus, a virtual number of guard channels are 
reserved for handoff calls by rejecting a new call with a certain probability that depends 
on the number of occupied channels. Let πn be the acceptance probability of a new call 
from the channel occupancy state n–1; πn is a probabilistic function of n and πn = 0 if 
n > c. The freedom of choosing the function for πn gives flexibility to tune/optimize 
system performance. 

The queuing system model is developed based on a birth-death process as follows. The 
birth rate at state n is defined as 
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where N is the queuing buffer size to allocate handoff requests. The death rate at state n is 
defined as 
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where γn is the forced termination rate of handoff calls at state n > c and found in the 
following formula, which is derived in Papers V and VII based on (212, 213, 223): 
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Fig. 11. Loss probabilities for different PDF of the dwell time. 
The steady-state characterization and the derivation of the closed form performance 
measures are detailed in Papers V and VII. The numerical results, for example, in Figure 
11 which is the same as Figure 2 in Paper V for a micro cell and similar to Figure 2 in 
Paper VII for a macro cell, show that there is a notable difference in the probabilities of a 
handoff forced termination and failure regarding different PDFs used for modeling the 
handoff dwell time. The deterministic one provides a lower bound for the loss 
probabilities. The results also show that it may not necessarily require a large buffer size 
for QH. The suitable queue size, however, still depends on the offered load. 

3.2.1.4  Conclusion 

The provided analytical method can be used as an effective tool for quick network 
dimensioning and planning, and also to investigate different models and system 
parameters for performance optimization. The application of the contribution can also be 
recognized in many QoS related problems with real-time data services or in HSPA, where 
individual packets have some delay constraint. 
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3.2.2  Simple and efficient soft-decision CAC for  
CDMA cellular networks 

3.2.2.1  Main problem 

On the one hand, number-based CAC schemes for CDMA cellular networks appear to be 
simple. However, it is hard to define an effective, fixed value of the channel capacity for 
such schemes because the qualitative and quantitative features of CDMA systems are 
heavily intertwined and mutually supportive. The QoS guaranteed scenario would end up 
using the worst case of the channel capacity and results in the worst GoS. 

On the other hand, SIR-based or interference-measurement based CAC schemes are 
robust, but require much more complex hardware and software for implementation. In 
high load and uniform traffic distribution among adjacent cells, such measurement-based 
CAC schemes may not offer any capacity gain over number-based or modeling-based 
counterparts and may even suffer from performance degradations due to measurement 
and estimation errors. 

The capacity provisioning of the CDMA systems presented in Chapter 2 Section 2.1.3 
indicates that, as the traffic load of the own cell increases beyond an average capacity, the 
users may experience a degradation of the communication quality depending on the 
other-cell interference level. Hence, the objective is to develop simple and robust CAC 
schemes capable of utilizing the soft capacity of CDMA systems for an optimal trade-off 
between QoS and GoS. 

3.2.2.2  Claim 

This contribution proposes a SCAC scheme for CDMA cellular networks. The idea 
behind SCAC is illustrated in Figure 12. This uses a probabilistic decision for admitting 
calls, adapted to the interference distribution to compensate for QoS while expanding the 
admissible region to accommodate more users. This method not only offers a notable 
enhancement in GoS and Erlang capacity, but also avoids complex measurements and 
mutual exchanges of information between adjacent cells about states of the network. This 
is therefore simple, scalable, signaling and cost-effective. 
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Fig. 12. Illustration of SCAC. 
This contribution is twofold. First, alternative probabilistic decision functions are 
developed for SCAC, i.e., using Gaussian and Incomplete Gamma PDF adapted to the 
inter-cell interference distribution. Second, a simple and reliable method for evaluating 
SCAC against fixed-assignment and measurement-based CAC schemes, referred to as 
FCAC and MCAC, is provided. The analytical model is developed based on a stochastic 
loss-network model and Gaussian approximation. 

This contribution is presented in Papers VI, IX, and X with supplementing results. 
Paper IX is selected to reprint in the appendices. 

3.2.2.3  Approach and result 

The system model considers a uniform multi-cell single-class system scenario, similar to 
that used for capacity provisioning in Chapter 2. PC is assumed as being sufficient 
enough so that the error of the received SIR is kept in the allowed order and the load 
factor of each user is modeled with a bound Gaussian RV having a mean of w given by 
(2.28) and a variance of σ2 and limited in [wl, wu]. The total UL load factor of a reference 
cell is also viewed as a bound Gaussian RV limited in [Gl, Gu]. The lower bound Gl is 
determined by the maximum of other-to-own cell interference factor up to 1 and the 
upper bound Gu can be extended to that of an isolated cell. Thus, based on the knowledge 
of maximum and minimum guaranteed resource consumption, i.e., load factors of user 
connections and cell basis, lower-limit and upper-limit constraints of the cell capacity can 
be determined. These are denoted by cl and cu, respectively.  

The proposed SCAC scheme utilizes both cl and cu, instead of an average capacity cavrg 
as in traditional number-based CAC schemes surveyed in Chapter 2. In the SCAC 
system, a new call will be admitted immediately if less than cl users are occupying the 
cell or with a probability defined below if the number of users occupying the cell is at 
least cl and less than cu; otherwise a new call will be rejected immediately. The priority is 
given to handoff calls meaning that a handoff failure occurs when cu users are occupying 
the cell. 
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The system state n is defined as the number of calls occupying the cell. The 
permission probability π(n) to accept a call at state n is adapted to the other-cell 
interference distribution, which is assumed resembling Gaussian PDF (15, 17-19): 
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where η is the ratio of the noise power to the maximum total received interference (i.e., 
equivalent to η/(1+η) if η is defined as the noise figure as in Chapter 2) and Gother is the 
load factor caused by other-cell interference. Thus, the error of SIR on average, which 
dominates the QoS in the long run, is compensated. However, an overestimate of cu may 
still affect the overall communication quality. To prevent that, other than the Q-function 
can be used to define the decision function such as the following Incomplete Gamma 
PDF: 

( ) ul cncnwn <≤−−−= for ,)1(,1)( ηανΓπ , (3.32) 

where Γ(ν, x) is the Incomplete Gamma function with α and ν parameters having the 
following relations: E[Gother]  = ν/α and Var[Gother]  = ν/α2. E[n], E[Gother] and Var[Gother] 
can be calculated by using the steady-state solution and inversion technique detailed in 
Papers VI, IX, and X. 

The SCAC scheme harmonizes the advantage of the traditional number-based and 
measurement-based CAC schemes, that is, simplicity and robustness, respectively. This 
also gives more flexibility for the implementation. 

The traffic model is based on similar assumptions as in the previous contribution. The 
loss probability of the communication quality on average is defined by the ratio of the 
average number of users hit by the system outage and the average number of users being 
served in the system: 
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where pn is the steady-state probability. 
The performance of measurement-based CAC schemes is analyzed based on the 

central limit theorem and Gaussian approximation. Then, the performance measures of 
the measurement-based CAC schemes are obtained by using simulations. 

The comparative performance evaluation of the SCAC scheme and the traditional 
number-based and measurement-based counterparts is detailed in XVII-XIX. The results 
show that the proposed SCAC scheme, on the one hand, causes a slight degradation in the 
communication quality and, on the other hand, provides a significant improvement in the 
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GoS. The SCAC scheme overall offers much better Erlang capacity. This is, for example, 
illustrated in Figure 13, which is the same as Figure 1 in Paper X. 

Fig. 13. Performance comparison of CAC policies. 

3.2.2.4  Conclusion 

The SCAC scheme provides a simple and robust method to benefit soft capacity and 
optimize radio resource utilization in CDMA cellular networks. The simplicity is hereby 
emphasized as one of the most important requirements because only this can ensure a fast 
response to a high intensity of call requests with increasingly complex and diverse QoS 
requirements in advanced cellular networks. However, this contribution not only 
proposes the SCAC scheme, but also gains an understanding of different CAC schemes 
for CDMA cellular networks and provides a comprehensive method for teletraffic 
performance evaluation. 
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3.2.3  GoS management for multimedia CDMA cellular networks 

3.2.3.1  Main problem 

For the deployment of multimedia cellular networks, such as 3G CDMA systems, there is 
a need for an in-hand tool that allows the operator to manage rather complex network 
operations and performances in an efficient way. That is, to optimize GoS while 
providing adequate QoS to mobile multimedia users. 

The GoS management and teletraffic engineering framework must be simple and 
flexible for supporting a variety of services with QoS differentiation to satisfy a wide 
range of customer demands and to maximize revenues. 

CAC is an integral component of RM in mobile cellular networks. Efficient CAC 
schemes can enhance the system capacity and service quality in a cost-effective way. 
CAC schemes can therefore play an important role in supporting the above needs and 
requirements. 

The operational aspects of multimedia cellular networks have been somewhat 
neglected in the recent research works despite the recognition of their practical value. 

3.2.3.2  Claim 

This contribution incorporates alternative QoS differentiation paradigms and resource 
partitioning into CAC and provides an in-hand tool for efficient capacity and teletraffic 
management. It introduces different user prioritization and load-based traffic-shaping 
schemes for GoS provisioning and optimization. The GoS of multi-user multi-service 
cellular systems is hereby defined as a cost function built upon the probabilities of new-
call blocking, handoff failure and loss of communication quality as arguments. The 
weighting factor of each argument depends on the service and user profile characteristics. 

This contribution includes an expansion and further evaluation of the SCAC, number-
based CAC and measurement-based CAC schemes that were investigated in the previous 
contribution for an integrated multi-class multi-service system. SCAC exhibits further 
advantages in serving multiple traffic classes. It gives more chances for calls of high 
resource-consuming classes to access the system when the traffic load or the offered 
traffic intensity of low resource-consuming classes is high. This aspect cannot be 
improved with the other CAC schemes. Furthermore, this contribution provides an 
asymptotic quasi-stationary analysis of the remaining free capacity over a sustained 
period of time. This is essential to the challenge of the design of efficient MAC schemes 
for controlling background packet access, which has to adapt to the free capacity left by 
the ongoing calls. The performance analysis is carried out with a simple and effective 
analytical method based on a stochastic, multi-priority, multi-rate loss-network model. 
Extensive numerical and simulation results are provided to investigate the system 
performance with various traffic patterns. 

This contribution is detailed in Papers I and VIII. Paper I, as a chapter of (6), is based 
on Paper VIII. However, an explicit GoS cost function for a multi-user multi-service 
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mobile cellular system with QoS differentiation is first defined in Paper I. Paper VIII is 
selected to reprint in the appendices. 

3.2.3.3  Approach and result 

The system model used for the previous contribution is now extended to support M 
different connection-oriented services. For all k∈ K, K = {0, 1, ..., Μ}, the load factor of 
each class-k call user is modeled with a bound Gaussian RV having a mean of wk given 
by (2.28) and a variance of σk

2 and limited in [wl,k, wu,k]. Let us define 
n = (nk, k∈ K) is the occupancy vector, where nk is the number of class-k calls in 
progress; 
w = (wk, k∈ K) is the load vector, where wk is the average load factor of a class-k call; 
c = nw is the system load state that is identical to the effective load factor of the reference 
cell, also referred to as the own cell. 

In the SCAC, the permission probability to accept a class-k call at system load state c 
is adapted to the other-cell interference distribution. Equations (3.31) and (3.32) are 
modified as 
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or alternatively 

( ) uklkk CwcCwcc ≤+<−−−−= for ,)1(,1)( ηανΓπ . (3.35) 

where η is the ratio of the noise power to the maximum total received interference (i.e., 
equivalent to η/(1+η) if η is defined as the noise figure as in Chapter 2); Cl and Cu are the 
lower bound and upper bound of the cell capacity normalized in the load factor; f is the 
other-to-own cell interference ratio (i.e., equivalent to ι used in Chapter 2). The 
calculation of E[c] and Var[c] are explained in more detail in the appendices, as it has not 
been included in the published papers of the author. 

To regulate the operation of multimedia cellular systems in GoS management, CAC 
schemes not only have to know about the characteristics of the requested services, but 
also the subscription profiles of the users. This ensures a fair decision in resource 
allocation for the service-level agreement upon accommodating a new call request. QoS 
differentiation paradigms specify the serving traffic patterns depending on the offered 
traffic intensity of each traffic class during different busy hours of the day, subject to 
optimal GoS and revenues. These have to be simple, that is, fast responding to call 
requests, easy to configure and extend for supporting a variety of user and network 
profile characteristics. The QoS differentiation of call service classes can be viewed as 
the traffic prioritization in CAC schemes. This can be realized by, for example, defining 
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multiple load-based thresholds or fracturing factors for hard or soft blocking of less 
desirable call requests. Thus, the network resources are now shared among users in a non-
complete fashion. 

Let us assume there are J classes of subscribers sorted in the decreasing order of the 
priority, for example, 1 is “gold”, 2 is “silver”, etc. Let J = {1, 2, ..., J}. Together with M 
different service classes sorted in the increasing order of the resource consumption, it can 
be considered as there are J×M classes of prioritized user traffic, which form different 
group behaviors according to the user or service classes. Thus, we introduce a J×M 
matrix of the prioritized admission probability as follows 

A0 = [ajk(c)] with j∈J, k∈K, 0 ≤ ajk(c) ≤ 1, (3.36) 

where ajk(c) is the prioritized admission probability of a new call request from a class-j 
user for a class-k service at a given system load state c. 

In the case of threshold-based hard blocking, it is straightforward that J×M thresholds 
can be defined; each corresponds to a traffic class: 

L = [ljk] for all j∈J, k∈K, ljk ≥ luv if j ≥ u and k ≥ v (3.37) 

and ajk(c) in (3.36) can be given by 
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The number of necessary thresholds can be reduced significantly if only group behaviors 
are of interest. For example, the upper bound Cu can be used as a threshold for the “gold” 
class, whereas the lower bound Cl can be used to limit the access of the “bronze” class 
regardless of the requested services. 

In the case of threshold-based soft blocking, ajk(c) can take any value in [0, 1] 
depending on the system load state and priority of the requested traffic class. This results 
in load-based fracturing factors for each traffic class or group behavior. The fractional 
paradigm, on the one hand, gives the operator better flexibility to tune the GoS 
performance and, on the other hand, allows unifying the analysis of a class of guard 
resource (similar to GC) schemes as in Section 3.2.1. 

Taking into account QoS differentiation, the admission probability of class-(j, k) calls 
for all j∈J and k∈K in the SCAC system at the system load state c is given by 

As = [πk(c)ajk(c)]. (3.39) 

The handoff calls are assumed to have the highest priority regardless of their associated 
traffic classes. QoS differentiation of the background non-real-time packet services can 
be done not only in a blocking fashion, but also in granting different throughput delays. 

The SCAC scheme is specified to optimize the GoS, defined as the following cost 
function: 
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∑∑
∈ ∈
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J Kj k
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where Bjk is the probability of class-(j, k) new call blocking; Fjk is the probability of class-
(j, k) handoff failure; and Pl is the probability of loss of communication quality. The 
weighting factors in (3.40) can be set according to the QoS differentiation paradigms. For 
example, υ0 = 0.95 is for an overall 5% of the allowable communication quality loss, 
υ1 = 0.33 and υ2 = 1−υ1 as a handoff has higher priority than a new call. The parameter κj 
for the “gold” user class is set to 0.45, the “silver” to 0.33, and the “bronze” to 0.22 
meaning that the “gold” users provide more revenues than others and 

∑
∈

=
Jj

j 1κ . 

The parameter ξk represents the relative resource consumption of each service class, 
which is proportional to the cost of the service, given that all calls have the same 
duration: 

∑
∈

=
Kk

kkk ww /ξ . 

The GoS cost function defined by (3.40) thus takes value in [0,1] and needs to be 
minimized, depending on the offered traffic patterns, also referred to as MTIP 
(Multimedia Traffic Intensity Profile). It is also obvious that (3.40) also represents a 
trade-off between QoS and GoS. 
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Fig. 14. Example of GoS management with different CAC schemes (MdCAC refers to 
modeling-based fixed-assignment CAC, MsCAC to measurement-based CAC, 
ThresholdBlkQoSDiffSCAC to SCAC with threshold-based hard-blocking QoS 
differentiation, and FractionalBlkQoSDiffSCAC to SCAC with fractional soft-blocking QoS 
differentiation. 
The state characterization and the derivation of the performance measures are detailed in 
Papers I and VIII. The system performance with measurement-based CAC schemes is 
analyzed based on the central limit theorem and multidimensional Gaussian 
approximation. Then, a network simulation is carried out to obtain the performance 
measures of the measurement-based CAC system. The results of a comparative study 
between the SCAC system and the traditional number-based and measurement-based 
counterparts show that the SCAC scheme can maintain a good and stable GoS 
performance over a large range of offered traffic with various MTIPs. The results also 
show that the SCAC with QoS differentiation provides a flexible tool to tune the group 
behavior of different traffic classes and to optimize the GoS. This significantly enhances 
the Erlang capacity for a cost-effective network operation. This is illustrated in Figure 14, 
which is the same as Figure 12.1(a) in Paper I. 

In the meantime, the background non-real-time packet access needs to be controlled so 
that GoS of the real-time traffic is not affected and optimal throughput delay trade-offs 
can be achieved. Thus, there is a need for a precise dimensioning of the dynamics of the 
free capacity or the available resources left for packet access in the design of such 
adaptive MAC schemes. The quasi-stationary probability of being in load state c over a 
sustained period of time τ is defined by 
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p(c,τ) = lim t→∞ Pr{c(t +τ) = c⎟ c(t)  = c}. (3.41) 

This is estimated using the Pascal approximation, detailed in Papers I and VIII. Based on 
the results, optimal transport formats for packet transmissions (i.e., bit rate, TTI, and 
persistent probability) with FCSI MAC schemes are discussed. 

3.2.3.4  Conclusion 

The contribution provides a comprehensive method for GoS management in multimedia 
CDMA cellular systems. It demonstrates that CAC with QoS differentiation is a simple 
and effective means of optimizing GoS and Erlang capacity for network operation. 

The results, especially the SCAC scheme, are highly applicable for CDMA networks 
as segments of future wireless IP networks where the simplicity and scalability 
requirements favor a simple and distributed resource management. 



4 Concluding remarks 

“To raise new questions, new possibilities, to regard old problems from a new angle 
requires creative imagination and marks real advance in science” (Einstein, 1938). To 
this end, the present thesis has analyzed and synthesized novel MAC and CAC schemes 
for efficient RM in advanced wireless networks. This chapter summarizes the work 
presented so far in this thesis, emphasizing the new results with further commentaries and 
remarks. It also provides some directions for further development and future research on 
the related topics. 

4.1  Summary 

Chapter 1 provided the reasoning, solid background, and context for the research topic 
and focus areas of interest: the RM problem in advanced wireless networks and MAC and 
CAC schemes in advanced wireless networks. It formulated and presented a 
comprehensive overview of the integrated RM problem. Essential RM schemes were 
addressed. It defined the focus areas of interest on MAC and CAC, identified problems, 
and shortly stated the aim, objectives, and contributions of the thesis. 

Chapter 2 presented a literature review of MAC and CAC schemes. It addressed the 
fundamentals as well relevant up-to-date developments on the subjects. It provided a 
systematic understanding of MAC and CAC schemes in centralized PRN and advanced 
cellular networks: basic properties, classifications, existing solutions and their 
performance, open issues and problems, and trends for future developments. These were 
considered in the integrated context of RM with respect to optimal spectral and energy 
efficiency for advanced wireless networks. 

Chapter 3 summarized the research results of the author as his contribution to 
knowledge. It presented seven separate contributions: four on the SPA with adaptive 
MAC schemes for centralized PRN and three on the SCA with CAC schemes for 
advanced mobile cellular networks. The main problem, claim, approach, result, and 
conclusion of each contribution were clearly outlined. The supporting original 
publications are enclosed in the appendices for further details. 
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On the SPA, the first contribution studied the implementation losses of FCSI based 
MAC schemes in DS-CDMA PRN due to feedback delay, access delay, and imperfect 
channel sensing. It also proposed optimal control functions in MAC operation so as to 
enhance throughput delay performance and robustness against system imperfections for 
PRN. The second contribution proposed the SPR to boost up the performance of DS-
CDMA PRN in terms of spectral and energy efficiency. The third contribution proposed 
the SPL to enhance the efficiency and robustness of DS-CDMA PRN over burst-error 
correlated fading channels. The fourth contribution developed the SPD and SPL for 
HSPA and LSPA in CDMA systems, respectively, in order to achieve optimal trade-offs 
between the throughput and energy consumption of TCP applications. 

On the SCA, the first contribution provided a simple and accurate analytical method to 
unify the performance evaluation of a class of fixed-assignment CAC schemes with 
generic GC policies and priority handoffs in mobile cellular networks. The second 
contribution proposed the SCAC as a simple and effective scheme to benefit the soft 
capacity of CDMA cellular networks for an optimal trade-off between GoS and QoS. The 
third contribution provided a simple and effective method for GoS management and 
optimization in multimedia CDMA cellular networks with an integrated CAC and QoS 
differentiation. 

4.2  Remarks 

The RM problem that has been addressed in this thesis is one of the most challenging and 
widespread research problems in the field of wireless communications. The fundamental 
goal of the RM is to maximize resource utilization of wireless networks, especially the 
limited radio spectrum and MT battery power, so as to serve as many users as possible 
while respecting the QoS required for each user. Given an anticipated rapid growth of 
user population and diverse demands for wireless communications services, efficient RM 
becomes ever more crucial and has to cope with many sophisticated requirements. 
Therefore, it is essential to design and use adaptive RM schemes capable of guaranteeing 
QoS requirements and, at the same time, achieving efficient utilization of system 
resources. 

The recent research works have demonstrated that adaptation mechanisms can be 
performed at all layers of the protocol stacks to accommodate the dynamics of a wireless 
system resulting from, e.g., the randomness of the traffic load, the user diversity, and the 
hostile nature of wireless channels. This thesis has addressed various issues and 
approaches on MAC and CAC schemes for efficient RM in advanced wireless networks. 
The MAC layer, directly interfacing with the radio physical layer, is responsible for 
coordinating and controlling the user transmissions of radio packets, i.e., the amount of 
capacity allocated to each user. It also has to deal with the residual errors or losses of the 
physical transmissions first-hand. The CAC of the network layer is considered as the user 
check-in process. It reflects the overall RM strategy: handling QoS requests of handoffs 
and new calls, resource partitioning, resource allocation, etc. It ensures stability for 
efficient QoS support and GoS optimization. 
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This thesis has introduced new concepts, new adaptive MAC and CAC schemes for 
enhancing and optimizing wireless network performance with respect to efficient RM. 
The SPP significantly enhances the robustness of FSCI based MAC schemes over 
feedback delay, access delay and imperfect channel sensing for DS-CDMA PRN. The 
SPR is capable of compensating for the PC problem, stabilizing the transmit power of 
user terminals, reducing inter-cell interference, and boosting up throughput delay 
performance for DS-CDMA PRN. The SPL and SPD enhances the robustness of radio 
transmissions in burst-error correlated fading environments while significantly increasing 
the energy efficiency for DS-CDMA PRN and the performance of TCP applications. The 
SCAC, together with QoS differentiation paradigms, is capable of providing stable, 
optimal GoS and Erlang capacity for multimedia CDMA cellular networks. These 
schemes are simple and cost-effective, improving the performance of wireless networks 
without a need of excessive signal processing and signaling. The simplicity aspect must 
be emphasized in the design of RM schemes in general, as perhaps only this can ensure 
practicality of the RM schemes in coping with an increasing complexity and diversity of 
wireless networks and operation environments. 

This thesis has provided simple and effective analytical methods for evaluating MAC 
and CAC schemes as well as wireless network performance. The impact of different 
system parameters and various issues concerning the dynamics of wireless systems, being 
stochastic in nature and often complex, are investigated and taken into account. The 
essential performance characteristics of wireless networks, such as throughput, packet 
delay, outage probability, call blocking probability, handoff failure or call dropping 
probability, and GoS, are derived and quantified with both numerical and simulation 
results. The analytical results can be used extensively for network provisioning and 
optimization. 

There have of course been some limitations in conducting the research results. The 
modeling has had to use certain assumptions to simplify the system in question, without 
loss of the insight. The work has focused on the UL direction to present the results. The 
traffic asymmetry between UL and DL has not been taken into consideration. It has been 
assumed that the real-time services are of CBR, whereas the non-real-time packet 
services are of best-effort classes. The traditional Poisson arrivals have been adopted for 
the offered traffic load. An explicit RF system, channel coding and modulation have not 
been modeled. These limitations, however, are kept under a commonly acceptable range 
of working assumptions, which have been justified in related literature or often 
experienced in related works. The research results of this thesis have provided enhancing 
concepts and solid groundwork for further investigations of more realistic system 
integration scenarios and advanced applications for future wireless networks. 

4.3  Future research directions 

There is a substantial amount of open issues remaining in the subjects that have been 
touch upon in this thesis. For example, considering the limitations listed above and then 
attempting to take a bolder approach to network modeling and end-to-end QoS 
provisioning, which are capable of capturing the interactions of protocol stacks, will open 



 118

up many interesting questions and problems for performance analysis as well as 
optimization across system layers. The breadth of cross-layer optimization techniques 
will remain challenging and attractive for research. 

The motivations behind the adaptive MAC and CAC schemes in this thesis can be 
applied to develop simple and effective RM schemes in different system environments, 
with multiple antennas and carriers. Thus, by exploiting diversity in time, frequency, and 
space as well as diversity with regard to users and services, efficient RM schemes can be 
designed for both UL and DL. For the DL, there has been considerable work recently on 
opportunistic scheduling and other RM schemes (130-136, 151-153, 155). For the UL, 
there are still many interesting issues to be resolved. For instance, there is a need for 
optimally exploiting the burstiness of data sources in a decentralized MAC scheme. This 
also leads to issues related to the fairness of resource allocation amongst competing data 
users. The adaptation in RM can also be performed based on mobile context awareness 
(e.g., application, location, mobility, environment). 

Investigating adaptive RM schemes for efficient QoS support in multimedia wireless 
IP networks is another promising area. Future mobile IP networks will consist of multiple 
segments evolved from today’s wireless networks. The simplicity and scalability 
requirements may favor distributed, smart RM schemes. In addition, efficient RM 
schemes have to deal with the protocol overhead in supporting different QoS models and 
mobility management over IP. 

Looking at the 4G (4th Generation) system concepts (231-232), e.g., supporting 
multimedia wireless IP with an air interface capacity of 100 Mb/s to 1 Gb/s and a good 
coverage by using MC-CDMA (Multi-Carrier CDMA) or OFDM (Orthogonal Frequency 
Division Multiplexing) with MIMO (Multiple Inputs Multiple Outputs) techniques at a 
5GHz carrier frequency, the MAC layer of a high data rate system optimized for the 
transport of IP packets, even with enhanced mobility, is likely to be closer to today’s 
WLAN access methods than that of 2G or 3G cellular systems. The challenge is to find a 
hybrid that will correctly combine the best of both worlds: low access delay comparable 
with that of WLAN; stability in loaded conditions, guaranteed QoS and low terminal 
power consumption as that of cellular systems. 

There are also many challenges ahead for efficient RM in WLAN. The recent 
introduction of UWB (Ultra Wide-Band) technology for IEEE 802.15 WPAN (Wireless 
Personal Area Networks) raises interesting possibilities for adaptive RM. The current 
research on UWB mostly concentrates on physical channel characterization, antenna and 
transceiver design (233). However, a comprehensive study on RM schemes, MAC in 
particular, is highly necessary, as the existing narrowband or wideband MAC schemes 
may not be suitable for UWB systems (234). For instance, since UWB is capable of 
recovering positional information with high precision, smart position of data users 
through RM can lead to better organization and performance of communication networks 
(235). Hence, designing MAC protocols for UWB systems will be an interesting topic. 

Thus, the debates on simplicity/efficiency trade-offs of RM schemes for existing 
wireless networks and the needs of new RM schemes for future wireless networks 
continue. Furthermore, research and development for such concepts like our “green 
wireless networks” that care for living environments and human wellbeing will also be of 
great contribution. 
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Appendix 1 Derivation of some formula 

This section provides some detailed derivations of some formulas, which have not been 
included in the original papers of the author. 

Expected number of retransmissions 

This is related to Papers XVII and XVIII supporting SPA4 contribution, in which the 
formula of the expected number of retransmissions per successful radio packet, E[k], is 
given without detailed derivation. 

The following provides a detailed derivation of the equations (9) and (21) in Paper 
XVIII, which help to calculate (3.18) and (3.20) above. Let us deal with (21) first for a 
more general case, and then, using either the same method or the results of (21) with 
approximations made for HSPA due to its short TTI, we obtain (9). 

From (19) we have: 
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where the equilibrium state and state-transition probabilities are given by (1)-(4). 
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For the equation (21) we have 
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The sum at the end of the above equation, denoted by S, can be calculated as follows. 
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Using the formula of πBB(RTT) given by (4) for the above equation, we obtain the final 
formula of E[k] as given by (21): 
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Based on this result, we can easily obtain (9), either by carrying out a similar derivation 
or by applying the approximation πGG(T)exp(-mGBT) ≅ 1, resulting from that TTI ≡ T of 2 
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ms in HSPA is so small compared to the average duration of the good channel state 
ranging from about 100 ms to about 2000 ms. 
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