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ABSTRACT

Providing quality of service (QoS) guarantees over wireless packet networks poses a
host of technical challenges that are not present in wireline networks. One of the key
issues is how to account for the characteristics of the time-varying wireless channel
and for the impact of link-layer error control in the provisioning of packet-level QoS. In
this dissertation. we accommodate both aspects in analyzing the packet loss and delay
performance over a wireless link. We also propose novel techniques for quantifying
the wireless effective bandwidth, defined as the minimum amount of bandwidth that
needs to be allocated to ensure a given level of QoS. These techniques are essential
to on-line connection admission control (C'AC') and capacity dimensioning in multi-
service wireless networks with QoS support.

To analyze the loss and delay performance. we consider a wireless link whose ca-
pacity Huctuates according to a fluid version of Gilbert-Elliot channel model. Incom-
ing traffic sources are modeled with on-off fluid processes. which capture the bursty
nature of network traffic. The packet loss performance is analyzed for the cases of
a single and multiplexed traffic streams. For the single-stream case. we derive the
packet loss rate (PLR) due to buffer overflow at the sender side of the wireless link.
We also obtain a closed-form approximation for the corresponding wireless effective
bandwidth. [n the case of multiplexed streams. we obtain a good approximation for
the PLR using the Chernoff-Dominant Eigenvalue (CDE) approach.

The delay performance is analyzed via two distinct yet complementary approaches:
fluid queueing analysis and discrete-time analysis. each being advantageous in ana-
Iytic tractability and accuracy. respectively. The fluid approach is used to derive the
packet delay distribution via two different approaches: uniformization and Laplace
transform. Using the analytic results, we investigate the packet discard rate at the

receiver, which is particularly important for delay-sensitive traffic. The delay distri-
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bution is further used to quantify the wireless effective bandwidth under a given delay
guarantee. Numerical results and simulations are used to verify the adequacy of our
analysis and to study the impact of error control on the allocation of bandwidth for
guaranteed packet loss and delay performance.

Finally, we use discrete-time analysis to quantify the mean delay experienced by
a Markovian source over a wireless channel. In this casc. the wireless link implements
the selective-repeat automatic-repeat-request (SR ARQ) scheme for retransmission
of erroneous packets. We obtain good approximations of the total mean delay. which
consists of transport and resequencing delays. The transport delay. in turn. con-
sists of queueing and transmission delays. The exact probability generating function
(PGF) of the queue length under ~ideal™ SR ARQ is obtained and combined with the
retransmission delay to obtain the mean transport delay. For the resequencing delay.
the analysis is performed under the assumptions of heavy traffic and small window
sizes (relative to the channel sojourn times). We show that ignoring the autocorre-
lations between packet interarrival times or the time-varying nature of the channel
state can lead to significant underestimation of the delay performance. particularly

at high channel error rates.
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Chapter 1

INTRODUCTION

Wireless networks have been undergoing major changes in their infrastructures. ser-
vice paradigms. and service coverage. These changes have been driven by two fac-
tors: the remarkable growth in the demand for mobile communication services and
the tremendous efforts toward supporting multimedia services [, 1]. These changes
will eventually lead to the development of multi-service wireless networks. which not
only will handle various traffic demands efficiently. but will also provide uniform
connectivity by having a compatible protocol architecture with their wireline coun-
terpart [+. 5. 6. 1. 7].

The principal objective of this dissertation is to establish analytic performance
models for providing guaranteed packet-level transport service under the setting of
multi-service wireless networks. This chapter serves as an introduction to multi-
service wircless networks and discusses the key issues in their implementations. [t
consists of three parts: Section 1.1 gives an overview of multi-service networks. Sec-
tion 1.2 specializes the discussion to the multi-service wireless networks and addresses
related technical issues. Section 1.3 gives an outline of the problems addressed in this

dissertation. along with its major contributions.

1.1 Multi-service Networks
1.1.1 Limitations of Current Network Infrastructures

The telephone network. formally known as the public switched telephone network
(PSTN). is the most widely connected communication network designed to carry

voice information. It is based on circuit switching, with each connection supporting
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a single voice conversation. An analog speech signal generated by an endpoint is
digitally encoded and transported on a 6.l-kbps digital channel. which is used as a basis
for multiplexing and switching. Due to its inherent circuit switching nature. PSTN
provides guaranteed bandwidth and delay once the connection has been established.

Parallel to the telephone network. the Internet has been designed to carry data
traffic. In essence. the Internet is an interconnection of many private and public data
networks that are based on connectionless packet switching. Packets carried over the
[nternet are stored and forwarded using routers. The packet in the Internet is called
an [P (Internet Protocol) packet. The header of an [P packet contains both source
and destination [P addresses. The router uses the destination [P address to select
a route. and forwards each [P packet to the next hop that would lead to its final
destination. At present. [P routers provide the same level of service to all packets.
i.e.. best-effort service with no transport guarantees.

A common characteristic of the above two network infrastructures is that they
were both designed (and optimized) for a particular tvpe of tratfic. The telephone
network. for instance. was designed to carry voice traffic. While supporting other
applications is possible by using multiple 6.1-kbps channels [3. 9]. this is not a flexible
solution for which one can build applications that require arbitrary amounts of band-
width. Furthermore. switched multiple 64-kbps connections are still far from being
ubiquitous. Inefficiency of circuit switching, due to its nature of holding the channel
exclusively regardless of presence of traffic demands. is another obstacle in carrying
non-voice traffic over PSTNs [3].

An analogous argument can be made with regard to the inefficiency of the current
[nternet implementation for supporting other than best-effort traffic [8]. In particular.
emerging real-time multimedia applications require guaranteed transport services.
For instance. real-time video communications requires video frames to be delivered
within a maximum delay constraint, after which the video frame becomes useless for

coherent reception. The current Internet, lacking the notion of guaranteed service,
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cannot handle such service requirements effectively, which calls for new integrated

transport solutions.

1.1.2 Evolution of Multi-service Networks

The limitations of current network infrastructures provide the motivation for a novel
integrated network architecture that can be used to transport all types of tratfic [10].
The new network infrastructure. hereafter called rmulti-service networks. must be
capable of effectively transporting all types of tratfic with their diverse service re-
quirements. and also efficiently sharing its available resources among various traffic
streams [9]. Furthermore. it must be able to adapt itself to rapidly changing tech-
nologies and new traffic demands.

The earliest effort to design a multi-service network goes back to the [ntegrated
Services Digital Network (ISDN), which was intended as an evolution from the exist-
ing telephone networks [11]. The major improvements of [SDN over the PSTN is that
it provides an end-to-end digital connectivity. while the classic PSTN is digital within
the networks (between switches) only. However. [ISDN cannot support bandwidth-
intensive multimedia applications such as high-quality video. Furthermore. it cannot
benefit from the progress made in technology [9]. For instance. [SDN's 64-kbps dig-
ital channels cannot scale down to ever-decreasing rates of speech encoders. e.g.. 32
kbps and 13 kbps. Aiming at covering all the deficiencies of ISDN. the notion of
broadband integrated services digital network (B-ISDN) evolved as a multi-service
network solution.

B-ISDN is a network architecture that is designed to meet all traffic needs from
the end user’s perspective and the network providers’ sophisticated service require-
ments [10. 9]. [t uses the Asynchronous Transfer Mode (ATM) as a transport technol-
ogy [10. 12]. Thisis in sharp contrast to the classic PSTN model. for instance. which is

based on the synchronous transfer mode (STM). In STM, time-division multiplexing
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Such a new service paradigm is called Quality-of-Service (QoS). viewed as the col-
lective effect of service performance which determine the degree of satisfactions of a
user of the service [I1, 17]. In the networking community. QoS is however defined as
any mechanism that provides distinctions of traffic types. which can be classified and
administered differently throughout the network [L4]. In legacy networks. service sat-
isfaction is primarily determined by the availability of the service. For example. the
main concern in the telephone network is to reduce the number of blocked calls due to
congestion. The Internet makes its best attempt to deliver packets to the destination
but with no guarantees and no special treatment to any of the packets. However. the
need to ensure the quality. needless to say the availability. of the service becomes im-
perative as multi-service networks begin to handle new network applications having
a diverse range of service requirements.

Consider a scenario in which a packetized voice call. computer data. and video
traffic are to be transported over a multi-service environment. For packetized voice.
each voice packet should be transmitted within a specified time interval with a min-
imal amount of packet loss. Data applications. such as file transfers. have relaxed
timing requirements but stringent packet loss requirements. Video applications gen-
erate a relatively large volume of information. and some loss of information may be
acceptable [1]. However. its allowable transmission delay needs to be restricted. Such
a diverse range of service requirements cannot be satisfied simultaneously by employ-
ing a fair or equitable service with emphasis on service delivery rather than quality.

that has been the design criterion in legacy networks.

1.2 Multi-service Wireless Networks
1.2.1 Overview

Most of wireless networks that exist nowadays have been designed for a particular

type of service: voice or data [13, 19]. Each category exhibits distinct features in
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terms of its service objectives and design principles. Voice-oriented networks are
designed to support voice services for mobile users roaming over wide geographic
areas. These include digital cellular systems and personal communication services
(PCS) [20. 13]. In contrast. data-oriented wireless networks are designed to transport
a wide range of data traffic. e.g.. e-mail and file transfer. Mobile data. [EEE 802.11
wireless local area network (LAN), and High-performance Radio LAN (HIPERLAN)
fall into this category [21. 22, 18]. Similar to the evolution of wireline networks. most
of these wireless networks are expected to be integrated into multi-service wireless
networks. The development of multi-service wireless networks has been driven by two
factors: the remarkable growth in the demand for mobile communication services and
the tremendous effort toward supporting multimedia services [1. 1]. Emerging multi-
service wireless networks will not only handle various traffic demands efficiently. but
will also provide a uniform connectivity by having a compatible protocol architecture
with their wireline counterpart [6. 1].

Figure 1.2 shows a conceptual view of a cellular-based multi-service wireless net-
work. where all the traffic from or to mobile terminals (MTs) in a cell is relayed via
access points (AP). In a typical service scenario. ATM or Internet connections may
be extended over wireless links. The wireline backbone carries the traffic between the
mobile user and the corresponding party. which can be fixed or mobile. In contrast.
the wireless part provides access to a shared wireless medium and manages host mo-
bility [3]. Due to the unreliability of the wireless medium. the insufficient bandwidth,
and host mobility. the end-to-end performance of a connection encompassing wireline
and wireless links is determined primarily by the performance over the wireless links.

Wireless links are characterized by time-varying, error-prone channels due to user
mobility and the dynamics of the surrounding environment [4]. The performance of
an end-to-end connection that spans multiple wireline and wireless links is mainly
determined by the performance of the wireless part. For instance, in transporting

TCP traffic over wireless links. TCP makes the implicit assumption that packet losses
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FiGURE 1.2. Architecture of multi-service network.

are caused by congestion. although such losses may. in fact. be caused by packet
discarding due to channel errors [3. 23]. Eventually. TCP times out and invokes
its congestion control mechanism. which unnecessarily reduces the throughput of the
wireless channel. Other potential problems are related to transporting ATM cells over
wireless links. ATM cells over radio links are affected by burst errors. which cannot be
corrected by header error control (HEC') [3]. Since ATM cell delineation is based on
the validity of the HEC check for the assumed framing. consecutive HEC failure leads
to loss of synchronization. thereby causing severe performance degradation [3. Y.
These examples illustrate how the performance of an end-to-end connection spanning
wireline and wireless segments is heavily dependent on the performance of the wireless
link.

To cope with the unreliability of the wireless medium. two classes of link-level
error control are commonly used: automatic repeat request (ARQ) and forward error
correction (FEC). [n general. ARQ is used to deliver data requiring higher reliability,
whereas FEC is more suitable for delay-sensitive traffic [3]. Recent studies suggest

that hybrid ARQ/FEC might be more appropriate for a wireless network that car-
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ries traffic with diverse characteristics and QoS requirements [3. 24]. For instance.
data connections with relaxed time constraints can use ARQ, while voice and video
connections that require low delay. delay jitter. and minimal packet loss may need a
combination of FEC' and ARQ with time- constrained retransmission [3].

[n summary, the provisioning of QoS guarantees over wireless links is more chal-
lenging than its wireline counterpart due to the need to explicitly consider the harsh
radio-channel transmission characteristics and the underlying link-layer error con-
trol mechanisms. This difficulty is further compounded by scarce bandwidth. host

mobility. and its impact on the available bandwidth capacity.

1.2.2 QoS Guarantees in Multi-service Wireless Networks

[n cellular packet networks. QoS can be expressed at the connection and packet lev-
els. Connection-level QoS aims at achieving seamless connectivity in the presence of
handoffs. In contrast. packet-level QoS reflects the transport performance of packets.
commouly specified in terms of packet loss. delay. delay variation. etc. Connection-
level QoS can be provided by reserving bandwidth at cells that an MT may pass
through. The actual reservation mechanism depends on the anticipated mobility pat-
tern and the target level of QoS. Packet-level QoS can be provided by controlling
the parameters of the medium access control (MAC) protocol and the error con-
trol schemes. In this dissertation. we primarily focus on providing packet-level QoS

guarantees.

Fixed Host

S---§
——
MT

AP

ATM/internet

FIGURE 1.3. A mobile connection scenario.



21

C'onsider the scenario shown in Fig. 1.3, where an MT with QoS constraints makes
a connection to a fixed host. During the connection setup phase. the MT provides
the network with information related to its QoS requirements and its traffic profile.
The traffic profile is typically specified by the peak rate. the mean rate. and the
maximum burst size. This information is passed to the QoS controller in the network
to determine whether the requested connection can be served with available network
resources. The outcome of the connection request depends on availability of network
resources along the end-to-end path, which could span several wireline and wireless
segments. In addition to the role of determining the admission of a new connection.
the QoS controller is responsible for providing connection-basis QoS guarantee by

executing packet scheduling and error control as shown in Fig 1.4

)

Network Interface

Buffer

QoS Controller

-  |—

[}

DLC Module
Error Controller = . e

[}

Packet Scheduler — csmmpmmeesslip»{ MAC Operation

4

PHY Tx/Rx

-

r
L
-

FIGURE |.4. QoS controller and protocol layering.

After selecting an error control scheme and the packet scheduling algorithm flexible
enough to support various QoS requirements, the most crucial task related to the QoS
controller is to find the input control parameters of the error controller and the amount
of allocated bandwidth satisfying the specified QoS requirements. Possibly multiple

set of the control parameters and bandwidth can be considered for an operating



option. However, an optimal operating option should be selected to minimize use of
network resources. I[n particular, minimizing the bandwidth allocated to a certain
connection with QoS constraints is essential in wireless networks.

From the network’s perspective, it is very crucial to determine the input control
parameters of the error control scheme and the amount of bandwidth allocated to a
connection. according to the QoS specification of a connection. [t requires a thorongh
understanding of their impact on the packet-level performance. In a multi-service
wireless service scenario. these parameters should be adjusted promptly during a
connection setup using an analyvtic model which can capture the complex interactions
among the traffic source, the wireless channel characteristics. and the error control

schemes.

1.3 Contributions and Dissertation Overview

While there are a myriad of challenging problems to be addressed in the provisioning
of QoS in the wireless environment. it is well known that the principal technical issues
include: (1) design of QoS-aware MAC and data link layers for channel sharing and
error control. (2) development of an analytical QoS model accounting for the impacts
of several factors on packet-level QoS. and (3) extension of transport architecture to
accommodate new mobility functions. [f properly designed. these wireless specific
functionalities should be able to provide a degree of transparency for a set of broad-
band services. These problems are the subject of considerable current research efforts.
Here we focus on the bandwidth allocation problem in conjunction with appropriate
error control capability which is related to the first and second problems.

The main subject of this dissertation is the development of an analytical QoS
model for multi-service wireless networks. Throughout the dissertation. the emphasis
is on the queueing behavior at the network layer while incorporating the impacts of the

wireless channel. error control schemes, bandwidth allocation, and traffic fluctuations.



The rest of the dissertation is organized into six chapters.

Chapter 2 surveys the literature on QoS provisioning in the wireless environment.
We first describe the QoS guarantees in an ATM network and the next-generation In-
ternet. [t is important to understand the QoS mechanisms in those wireline networks.
since the interface on the QoS-related functions of the multi-service wireless network
shonld be compatible with its wireline counterpart in order to provide uniform con-
nectivity. The rest of the discussion concentrates on QoS provisioning in the wireless
environment. which is categorized into connection and packet levels. C'onnection-level
QoS schemes are related to maintaining the connectivity during handoff in cellular
systems. whereas packet-level QoS schemes are concerned with delivering the packet-
level QoS metrics. often described by packet loss. delay. and delay variation.

Chapter 3 introduces our framework for analyzing the packet-level performance of
a wireless link. Our discussion is primarily focused on the general characteristics of
the wireless channel and error control schemes. In particular. we discuss techniques
for modeling the wireless link and the error control scheme in order to capture the
impact of them on the queueing performance at network laver.

[n Chapter -1. we analyze the packet loss performance over a wireless link. We con-
sider both cases of a single and multiplexed connections. The link capacity fluctuates
according to a fluid version of Gilbert-Elliot channel model. Traffic sources are mod-
eled as on-off fluid processes. Qur analytic framework incorporates the effects of error
control schemes (i.e.. ARQ and/or FEC), which are used to improve the transport
performance over the wireless link. For the single-stream case. we derive the exact
packet loss rate (PLR) due to buffer overflow at the sender side of the wireless link.
We also obtain a closed-form approximation for the corresponding wireless effective
bandwidth. [n the case of multiplexed streams, we obtain a good approximation for
the PLR using the Chernoff-Dominant Eigenvalue (CDE) approach. The expressions
for the PLR and effective bandwidth are then used to study the optimal FEC code

rate that guarantees the requested QoS while maximizing the utilization of the wire-
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less bandwidth. Numerical results and simulations are used to verify the adequacy of
our analysis and to study the impact of error control on the allocation of bandwidth
for guaranteed packet loss performance.

In Chapter 5. we investigate the delay and packet discard performance over a
wireless channel. We consider a single ON/OFF traffic stream. We derive the packet
delay distribution via two different approaches: uniformization and Laplace trans-
form. Numerical aspects of hoth approaches are compared. Using our analytic model.
we investigate the packet discard rate at the receiver. This metric is particularly im-
portant for delay-sensitive traffic. where the due-date of a packet is translated into a
limit on the maximum number of packet retransmissions. The delay distribution is
further used to quantify the wireless effective bandwidth under a given delay guaran-
tee. Numerical results and simulations are used to verify the adequacy of our analysis
and to study the impact of error control and bandwidth allocation on the packet delay
performance.

[n Chapter 6. we analyze the mean delay experienced by a Markovian source over
a wireless channel that implements the selective-repeat ARQ scheme for retransmis-
sion of erroneous packets. We obtain good approximations of the total mean delay.
which consists of transport and resequencing delays. The transport delay. in turn.
consists of queueing and transmission delays. In contrast to previous studies. our
analysis accommodates both the inherent autocorrelations in the input traffic and the
time-varyving nature of channel conditions. The exact probability generating function
(PGF) of the queue length under “ideal™ SR ARQ is obtained and is combined with
the retransmission delay to obtain the mean transport delay. For the resequencing
delay. the analysis is performed under the assumptions of heavy traffic and small
window sizes (relative to the channel sojourn times). The inaccuracy due to these
assumptions is observed to be negligible. We show that ignoring the autocorrelations
of the incoming traffic or the time-varying nature of the channel state can lead to sig-

nificant underestimation of the delay performance, particularly at high channel error
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rates. Some interesting effects of key system parameters on the delay performance
are observed.
Finally. Chapter 7 gives a summary of the results and points out to specific con-

tributions of the dissertation. [t also makes suggestions for further work in this area.



Chapter 2

BACKGROUND AND RELATED WORK

2.1 Introduction

[n this chapter. we review the current literature on QoS support in wireless networks
and the associated performance modeling aspects. As noted earlier. providing QoS
guarantees in wireless networks can be done through a coordination of bandwidth
reservation at the connection level (or flow level) and packet-level scheduling. in con-
junction with error control. Accordingly. we classify the QoS schemes presented in
this chapter into connection-level and packet-level schemes. Connection-level QoS
schemes are related to maintaining the connectivity during handoff in cellular sys-
tems as well as reserving an appropriate amount of bandwidth that will be used by
the underlying packet scheduler. In the case of congestion. a request for a new con-
nection may be denied. Moreover. an ongoing connection can be dropped due to
insutficient bandwidth in the new cell. Most of the previous work on connection-level
QoS focused on maintaining these disruptive factors below a specified level by proper
bandwidth reservation [23. 26. 27. 23. 29]. In contrast. packet-level QoS schemes are
concerned with delivering the packet-level QoS metrics. often described by packet
loss. delay. delay variation. etc. A QoS-aware MAC protocol that incorporates the
packet scheduler and the error control scheme plays a major role in the packet-level
QoS provisioning.

Providing QoS guarantees requires quantification of the associated performance
metrics. Such quantification is needed for the network to determine the appropriate
scheduling policy. the amount of allocated bandwidth. and the input control param-
eters for the error control schemes. Diverse QoS mechanisms existing across different

protocol layers provide different perspectives of QoS. For instance, error control can
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provide the bit-level QoS expressed by the bit error rate (BER), whereas packet
scheduling provides the packet-level QoS. e.g.. bounds on the maximum delay. From
the network’s perspective. it is essential to have a unified view of QoS by accounting
for the collective impacts of various levels of QoS on the packet-level performance
using accurate vet tractable analytic models.

A large body of rescarch on QoS guarantees for multi-service wireline and wire-
less networks has been conducted. The literature reviewed herein is limited to that
which is relevant to the research presented in this dissertation. The remainder of this
chapter is organized as follows: Section 2.2 describes the QoS guarantees in wire-
line networks with emphasis on ATM and the next-generation Internet. Section 2.3
discusses connection-level QoS mechanisms in wireless networks. [n Section 2.4, the
packet-level QoS mechanisms are reviewed by introducing packet scheduling algo-

rithms. error control schemes. and the related analytic performance models.

2.2 QoS in Wireline Networks
2.2.1 Traffic Management in ATM Networks

In ATM. QoS guarantees are provided through traflic management. which refers to
a set of network actions that monitor and control the flow of traffic [30. 12]. Traffic
management provides each traffic stream with its desired level of bandwidth. cell loss
rate. cell delay, and cell delay variation. [n addition. it prevents the network from
becoming overloaded. but even if overload occurs. it can reacts to the congestion
in order to maintain QoS objectives while maximizing the utilization of network
resources. Figure 2.1 shows the main functions of traffic management in ATM [12].
During the connection setup phase. an end user negotiates the traffic contract
with the network. In essence. the traffic contract is an agreement on the behavior
of the traffic and the level of service that is required for the connection. One key

element of the traffic contract is the service category. Connections are mapped into
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FIGURE 2.1. Main components of traffic management in ATM networks.

an appropriate ATM-layer service category. which defines the QoS class and the ex-
pected hehavior of the traffic. The ATM Forum!' Traffic Management specification
defines five service categories: Constant Bit Rate (CBR). real-time Variable Bit Rate
(rt-VBR). non-real-time Variable Bit Rate (nrt-VBR)., Available Bit Rate (ABR).
and Unspecified Bit Rate (UBR) [30]. The CBR service is suited for connections
requesting a fixed rate of service that must be available for the lifetime of the con-
nection. The rt-VBR service is intended for bursty real-time applications requiring
tightly constrained delay and delay variation. whereas the nrt-VBR service is ap-
propriate for non-real-time bursty applications that require service guarantees from
the network. The ABR service is used by applications that require a Minimum Cell
Rate (MCR) and a given cell loss rate but are able to adapt to feedback from the
network to take advantage of available bandwidth. The UBR service is intended for
non-real-time. bursty applications that are tolerant of delay and loss.

Each ATM service has its corresponding set of QoS parameters and traffic descrip-

'The ATM Forum is an organization formed by a group of companies, network/service providers.
and users to develop ATM interoperability specifications.
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tors. There are three QoS parameters: Cell Loss Rate (CLR). Maximum Cell Transfer
Delay (max('TD), and Peak-to-peak Cell Delay Variation (peak-to-peak C'DV). CLR
is the ratio of lost cells to total transmitted cells. Cells may be lost due to malfunc-
tion in an ATM switch. but more commonly due to buffer overflow at the switch.
CTD is defined as the elapsed time between a cell departure at the source and the
corresponding cell arrival at the destination. The maxCTD represents the (1 — «)
quantile of the C'TD probability density function. where the cells with delays exceed-
ing this maximum are considered lost or unusable. The peak-to-peak C'DV represents
the difference between the maxCTD and the fixed delay component. Since the peak-
to-peak CDV allows for the estimation of the maximum possible delay and the worst
possible amount of clumping between two consecutive cells. it is mostly an issue for
end-systems running voice. video. and multimedia applications over ('BR and rt-VBR
connections. The Connection Traffic Descriptor includes two key elements: the Cell
Delay Variation Tolerance (CDVT) and the Source Tratfic Descriptor. The Source
Traffic Descriptor is a set of parameters that describe the connection traffic profile.
This set consists of Peak Cell Rate (PCR). Sustainable Cell Rate (SCR). Maximum
Burst Size (MBS). and Minimum Cell Rate (MCR).

With these parameters provided during the traffic contract process. the network
has to determine whether it can accept the connection request and still meet the
required QoS level for all connections including the new one. This control function
is referred to as connection admission control (CAC). If the connection is accepted.
then its cells can start to flow over a designated virtual channel across the network.
Even after the connection is admitted. the network has to ensure that the connection
complies with its traffic contract so that the QoS guarantees of other connections are
not jeopardized. Noncompliant cells at the network edge are either denied admission
to the network or admitted. tagged as non-compliant. and transported using a low-
priority service.

The traffic that successfully passes through the conformance monitoring function



30

enters the network and is multiplexed at the different points. In order to exploit
statistical multiplexing gains. the traffic may be queued before being transmitted
over intermediate links. The queues are served according to a scheduling algorithm
that is specifically designed to meet the QoS of the different types of connections.
Although connection admission is performed during the setup phase. congestion in
network elements can still occur. Congestion is caused by statistical overlap of traffic
bursts at a contention point. Congestion control deals with the traffic arriving in a
contention period to ensure that cells are discarded fairly and that QoS is guaranteed.
For the ABR service. the network and the end-syvstem implements a flow control.

which prevents congestion by exercising a teedback control on the source rate.

2.2.2 Next-Generation Internet Services

Integrated Services

The Integrated Services (IntServ) architecture aims at extending the existing [P model
to support real-time traffic along with best-effort traffic {31. 32, 13]. This architecture
defines a flow as a stream of packets with common source [P address. destination IP
address. and a destination port number. IntServ suggests that a desired level of
service is granted to a flow by maintaining flow-specific state in the network. Each
router in the network exercises a degree of discretionary control on resource allocation
for flows.

The main components of the IntServ architecture are admission control. packet
classifier. packet scheduler. and setup protocol [15]. Admission control checks to see if
sufficient resources within the host or the router are available to support a particular
service. The packet classifier examines the source address, destination address, and
port fields in each packet to determine what class the packet belongs to. The packet
scheduler schedules the packet for transmission on the outgoing link. The setup

protocol enables a host to request a specific amount of resources from the network. [t
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delivers the reservation request generated by the application to each router’s traffic
control components. The de facto setup protocol in the IntServ architecture is the
Resource Reservation Protocol (RSVP) [14].

With RSVP. the application source transmits a Path message along the routed
path to the unicast or multicast destination. The purpose of this message is twofold.
First. it marks the routed path between the sender and receiver. Second. it collects
information about the QoS viability of each router along that path. Upon receiving
the Path message. the destination host or hosts can gauge what services the network
can support and then generate an RSVP reservation (Resv) message. This message
contains traffic and QoS objects that are processed by the traffic control components
at each router as it follows the reverse path (upstream) toward the sender. If the
router has sufficient capacity. then resources along the path back toward the receiver
are reserved for that tlow. If resources are not available. RSVP error messages are
generated and returned to the receiver. The per-flow reservation state maintained
in a router is deleted unless Path and Resv messages are periodically sent by the
sender and receivers. respectively. It should be noted that data traffic can always be
active regardless of reservations. [f no reservations exist. then the arriving packets
are serviced in a best-effort manner [33].

The [ntServ model supports two traffic classes in addition to the hest-effort service:
guaranteed and controlled load services. The guaranteed service supports real-time
traffic flows that require quantifiable bounds on delay. The controlled load service

approximates a hest-effort service over an uncongested network.

Differentiated Services

Compared to the IntServ model. the Differentiated Services (DiffServ) model takes a
different approach for supporting QoS. In DiffServ. individual microflows are classified

into one of several unique service classes at the edge of the network and then served
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according to this service class inside the network. Classification is performed at the
network ingress based on one or more fields in the packet header. Core routers that
forward the packet examine the mark in the packet header to determine how the

packet should be treated.
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FIGURE 2.2. QoS tunctions in the DiffServ model.

Figure 2.2 illustrates a scenario for QoS provisioning in the DiffServ model. Pack-
ets enter the network through an ingress boundary router. Each packet passes through
a multifield (MF) classifier. which works with a traffic meter to determine the next
action to be performed. The role of the traffic meter is to measure the packet’s confor-
mance with a traffic profile agreed upon by the network provider and the customer.
[n-profile packets. i.e.. those that fall inside the parameters of the profile. will be
treated differently from out-of-profile packets. The DiffServ code points (DSCP) bits
in the packet header may then be marked to indicate the service the packet should
receive as it is forwarded through the network. The packets are conditioned (i.e..
shaped or dropped) before entering the network.

As shown in Fig. 2.2. packets passing through the ingress router are treated based
on their class. I[n DiffServ, a group of packets belonging to the same class (i.e..

having the same DSCP bits) is defined as Behavior Aggregate (BA). The Per-Hop
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Behavior (PHB) defines the service the packet receives at each hop as it is forwarded
through the network. The core routers in Fig 2.2 contain a simple BA classifier that
determines the PHB to be applied to the packet. All packets belonging to a BA
are handled the same way. Again, the PHB is an externally observable behavior
performed on each node that is realized through internal queue management and
scheduling techniques. In particular. it should be noted that the complex per-packet
processing is only performed at the edge of the network. The net results of DiffServ
is that a particular aggregate flow is provided with a special service as it traverses
the network.

Two PHBs are being defined in DiffServ [13]: Expedited Forwarding (EF) and
Assured Forwarding (\AF). The EF PHB was designed to support low loss. low delay.
and low jitter connections. [t appears as a point-to-point virtual leased line (VLL)
service between endpoints with a peak bandwidth. To minimize jitter and delay.
packets must spend little or no time in router queues. Therefore. the EI' PHB requires
that the traffic be conditioned to confirm to the peak rate at the boundary and that
network resources be provisioned such that this peak rate is less than the minimum
packet departure rate at each router in the network. In contrast. the AF PHB defines
four relative subclasses of service with each subclass supporting three levels of drop
precedence. Twelve distinct DSCP bit combinations define the AF subclasses and the
drop precedence within each class. When congestion occurs at a router. packets with
a higher drop precedence will be discarded ahead of others. The four AF subclasses
define no specific bandwidth or delay constraints.

DiffServ is certainly more scalable than the fine-grained. per-flow approach of
[ntServ/RSVP. Also. it and does not require new applications or extensive router
upgrades [15]. Moreover. it gives network providers some flexibility in deploying and

operating different network infrastructures that can support different PHBs.
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2.3 Connection-level QoS in Wireless Networks

Compared to the early mobile telephone systems which could only support a max-
imum of twelve simultaneous calls (e.g.. Bell mobile system in New York City in
1970°s). current systems have been able to deal with a tremendous growth of demand
for mobile phone services [34]. Behind such a breakthrough is the cellular concept
which solves the problem of spectral congestion and system capacity [35. 36. 34]|. The
main idea behind it is to divide a service area into a group of small areas called cells.
and using the same set of channels among multiple cells by keeping them separated
from one another to avoid interference [34]. Figure 2.3 shows the concept of frequency
reuse in a cellular system. In each cell (symbolized by a hexagon). a set of radio chan-
nels is assigned. Cells designated with the same number are assigned the same radio
channels. Higher system capacity can be achieved by reusing the same frequencies

many times in a given service area.

FIGURE 2.3. Frequency reuse in a seven-cell pattern cellular system.

[n cellular systems, an MT should be assigned a new channel (or connection) when
it moves into a new cell. The process of establishing a connection with the AP in a

new cell is referred to as handoff. To handle handoff, the cellular system is equipped
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with system-level switching and control capabilities. Through continuous monitoring
of signal strength or of other parameters received from individual cell sites, the cellular
systems can sense when an MT with a connection in progress passes from one cell
to another and can switch the connection to the new cell without interruption [35].
Handoff should be processed in a fast, secure. and transparent manner. so that the
service disruption perceived by an MT is minimized. Due to temporary congestion
in a new cell. the handoff request can be possibly denied. consequently leading to
a forced termination ot the ongoing connection. This scenario is referred to as call
dropping. Along with call dropping. another important measure associated with
mobility is call blocking. which refers to the blocking a new call due to the lack
of available bandwidth in a cell. In general. minimizing the call dropping is more
important than call blocking since the former is more disruptive. Qther performance
measures associated with mobility include the probability of call delivery, call setup
delay. the time during which a call stays in a handoff region. etc. [37].

Several previous studies have been conducted on the connection-level performance
of circuit-switched cellular systems [37. 38]. Most of these studies dealt with the issues
of channel assignment or handoff [38]. Channel assignment refers to the mechanism
by which the channel bandwidth is allocated among contending users. Most channel
assignment proposals focused on reusing channels flexibly at the expense of system
complexity [38]. As discussed earlier. from the MT’s point of view. forced termina-
tion of an ongoing connection is significantly more critical than blocking a new call
attempt. Thus. methods for decreasing the probability of forced termination by prior-
itizing handoffs at the expense of a tolerable increase in call blocking probability have
been devised [39. 40]. The concept of “guard channels” was introduced to provide
a means of improving the probability of successful handoff by reserving a portion of
channels exclusively for handoffs [39, 10].

The advent of packet-switched wireless networks poses several challenging prob-

lems related to mobility. The provisioning QoS in wireless networks becomes complex
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due to ever decreasing cell size (i.e.. pico-cells and micro-cells) implemented in recent
wireless networks. This small size. although providing higher system capacity. in-
creases the handoff rate. and thus results in rapid changes in the network traffic con-
ditions and makes QoS guarantees more difficult to ensure [41]. Recently. various ap-
proaches have been proposed to provide high degrees of QoS guarantees for multime-
dia traffic delivered in micro-cellular, high-speed. wireless networks [25. 26, 27, 238, 29].
These approaches are now overviewed.

To limit the call dropping probability in loss systems or the cell overload proba-
bility in lossless systems. the authors in [28] proposed a distributed CAC approach in
homogeneous cellular system where each cell can support a fixed number of calls. In
their proposal. the AP takes into account the number of connections originating from
its cell and those being handed over from adjacent cells after a certain time interval.
The AP accepts a new connection only when the QoS parameters of existing calls as
well as those of the newly admitted calls are maintained. While this distributed CAC
approach can relieve the hurden of excessive call handling at the network call proces-
sor. estimating the complex pattern of call arrival and handoff in a single parameter
remains problematic.

The shadow cluster concept was proposed in [27] to estimate the future bandwidth
demand and perform connection admission decisions. The authors considered a multi-
service wireless network with small cells (e.g.. micro. pico). The shadow cluster is
a set of cells around an active MT. or can be viewed as a set of cells an MT may
move across in the near future. The cell in the shadow cluster must reserve a certain
amount of bandwidth to guarantee a specified call dropping rate. The amount of
reserved bandwidth is determined according to the speed of the MT. the call holding
time. the distance to the M T, the amount of bandwidth used. and the MT's trajectory.
Cells closer to the active MT should reserve more bandwidth since the MT is more
likely to pass through these cells. The effectiveness of the shadow cluster is tied with

the accuracy of determining the host mobility statistics.
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A predictive and adaptive bandwidth reservation scheme was proposed in [25] to
maintain the handoff dropping probability below a predefined value. The authors first
developed an algorithm to estimate user mobility based on the history of handoffs.
This algorithm is then used to predict MT’s direction and handoff times in a cell.
For each cell. the bandwidth to be reserved for handoffs is calculated by estimating
the total sum of fractional bandwidths of the expected handoffs within a mobility-
estimation time window. The estimation of the window size is controlled adaptively
for etficient use of bandwidth and effective response to time-varying traffic. mobility.
and inaccurate mobility estimation.

Another approach to supporting QoS while achieving high bandwidth utilization
is based on adjusting the rate of a traffic source according to load conditions [26].
Motivated by the fact that application-level and network-level adaptability can lead
to better service quality and higher network utilization. the author in [26] proposed
an adaptive scrvice framework in which applications are classified into four categories
depending on how gracefully the QoS degrades as the allocated bandwidth decreases
(see Fig. 2.1). As load conditions change due to wireless channel or handoff activities.
bandwidth is allocated to a connection in a dynamic way. This framework can be
considered a feasible option in the wireless environment as more network applications

use a multi-level or hierarchical coding schemes.
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FIGURE 2.4. QoS-bandwidth plots for varying adaptability of applications.

Three alternative reservation-based bandwidth sharing policies were investigated

[42] in the context of wireless ATM. Each policy can be used to maximize the link
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utilization and provide fair (or preferential) treatment. The analytic results, based on
a recursion for the link occupancy distribution, were extended to the cases of equal
sharing of the resources with retries and a dynamic sharing mechanism with weighted
reduction for the active source rates when the available capacity is exceeded. The
authors applied the analytic results to investigate the performance and the effects of
the fading-mitigating switched-antenna-diversity mechanism and the required packet-
basis coding protection in a wireless LAN environment where switched diversity and
a Reed-Solomon code are employed.

For highly adaptive network applications that are capable of gracefully adjust-
ing their performance to variable network conditions. the concept of soft QoS was
proposed in [29]. The authors identified the high variability of traffic dynamics of
mobile multimedia applications as a function of time and space. Soft QoS control
allows bandwidth renegotiation according to the varying traffic conditions. and thus
achieves QoS-fair allocation of resources among contending applications at times of

congestion.

2.4 Packet-level QoS in Wireless Networks
2.4.1 Packet Scheduling

The appropriate selection of the packet service discipline at the switch or access
point is one of the most important issues in providing QoS guarantees in packet-
switched networks [43]. Along with the MAC protocol and the error control scheme.
packet scheduling determines how bandwidth is allocated to multiple connections
subject to QoS constraints. There has been a significant amount of research on
designing packet scheduling algorithms to provide QoS guarantees in the context
of wireline networks. In the following discussion, we will overview Virtual Clock.
Fluid Fair Queueing (FFQ), and Stop-and-Go algorithm. For other packet scheduling

algorithms, an excellent survey is available in [43].



39

Virtual Clock was designed to maintain the statistical multiplexing flexibility of
packet switching while ensuring each data flow its reserved throughput rate [44]. This
mechanism attempts to emulate a Time Division Multiplexing (TDM) system where
interference among different data flows is completely eliminated [L1]. Each packet is
allocated a virtual transmission time, which is the transmission time of the packet
in a TDM system. Packets are transmitted in the increasing order of their virtual
transmission times.

FFQ (also known as Generalized Processor Sharing (GPS)) policy is a general
form of the head-of-line processor sharing service discipline (HOL-PS). With HOL-
PS. there is a separate FCFS queue for each connection sharing the same link. During
any time interval. if there are exactly .V non-empty queues the server serves the .V
packets at the head of the queues simultaneously. each at a rate of one Vth of the link
speed. While a HHOL-PS server serves all non-empty queues at the same rate. FFQ
allows ditferent connections to have different service shares. 'FQ is characterized by
N positive real numbers 0,.0,.--- . 0y. each corresponding to one queue. At any
time 7. the service rate for the /th non-empty queue is exactly given by

H C
Z]EB(r) 9,
where B(7) is the set of non-empty queues at time 7 and C is the link capacity. The
FFQ algorithm can provide delay bounds by serving the non-empty queues in propor-
tion to their service shares [15. 43]. FFQ is an ideal scheme in the sense it assumes
the traffic is infinitely divisible and that the server can serve all connections with
non-empty queues simultaneously. In practice. the server can serve only one connec-
tion at a time on a packet-by-packet basis. There are many ways of approximating
FFQ service in a packet system. Notably among them is Weighted Fair Queueing
(WFQ). also known as Packet Generalized Processor Sharing (PGPS) [45]. In WFQ,

when the server is ready to transmit the next packet at time 7, it picks. among all

the packets queued in the system at 7, the first packet that would complete service
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in the corresponding FFQ system if no additional packets were to arrive after time .

While WFQ uses only finish times of packets in the FFQ system. Worst-case
Fair Weighted Fair Queueing (WF?Q) considers start times as well as finish times of
packets in the FFQ system to achieve a more accurate emulation. In WF*Q. when
the next packet is chosen for service at time 7. rather than selecting it from among all
the packets at the server as in WFQ. the server only considers the set of packets that
have started (and possibly finished) in the corresponding FFQ system at a time 7. and
selects the packet among them that would complete service first in the corresponding
FFQ system. In [43]. it is shown that the accumulated service provided for each
connection by WFQ and WFQ never falls behind the Huid FFQ system by more
than one packet size. at any given time 7. In addition. since in the worst case hoth
WTIQ and WIF=Q can (all behind FFQ by the same amount of service. they provide
the same end-to-end delay bounds.

The aforementioned scheduling schemes are all work-conserving. i.e.. the server is
never idle when there is a packet to send. With those schemes. the traffic pattern can
get distorted inside the network. posing some difficulty in characterizing the tratfic
pattern after the distortion [43]. One approach to deal with the above problem is to
control the distortion at each node that operates a non-work-conserving scheduling
scheme. The Stop-and-Go scheme. which is a non-work-conserving scheduling scheme.
uses a framing strategy where the time axis is divided into frames (periods of some
constant length T') [46. 47]. This scheme defines departing and arriving frames for
each link. At each switch, the arriving frame at the incoming link is mapped to
the departing frame of the output link by introducing a constant delay 8. where
0 < 9 <T. Stop-and-Go ensures that packets on the same frame at the source stay
on the same frame throughout the network. If the traffic is characterized at the source
by (r.T). i.e.. no more than rT bits are transmitted during any frame of size T, it
satisfies the same characterization throughout the network. By maintaining traffic

characteristics throughout the network, end-to-end delay bounds can be guaranteed
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in a network of arbitrary topology as long as each local server can ensure local delay
bounds for a traffic flow characterized by (r.T') specification.

Packet scheduling schemes designed for wireline networks are not directly ap-
plicable to the wireless environment due to: (a) the time-varying, unreliable and
location-dependent radio channel quality. (b) the limited knowledge on the state of
the MT's queue to the scheduler in the network [43. 49]. To account for such pe-
culiarities. there has been a growing research effort on designing packet scheduling
algorithms appropriate for wireless environments. Lu et al. proposed a fair schedul-
ing algorithm with adaptation to wireless networks by taking into account bursty and
location-dependent channel errors [50. 48]. We illustrate this algorithm through the
example in Fig. 2.5, Each tlow of the three tlows is served according to its service
rate ;. ¢ = 1.2.3. Since in the wireless environment some MTs may see error-free
channels while others may experience channel error. this scheduling algorithm tries
to swap channels between packet tlows encountering good and bad channel states.
Thus. a tlow secing a bad channel state defers its transmission until the channel state
becomes good. This Hlow gets compensated from the packet flow which had been
allocated the extra bandwidth. By bounding the amount of compensation and main-
taining precedence for lagging flows. the wireless fair queueing algorithm is able to

establish guarantees on maximum delay and minimum throughput.

Flow 1 I l
r
Flow 2 l l
r

Flow 3 l
FIGURE 2.5. Wireless fair queueing.

Several extensions of the wireless fair queueing algorithm have been recently pro-
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posed. Ng et al. [19] proposed a new service model. named Channel-condition In-
dependent Fair Queueing (CIF-Q) model, that includes four key properties that a
wireless packet fair queueing algorithm should possess: (1) delay and throughput
guarantees for error-free sessions. (2) long term fairness for error sessions, (3) short
term fairness for error-free sessions. and () graceful degradation for sessions that
have received excess service. In another work. Ramanathan et al.[31] proposed an
approach called the Server Based Fairness. which is based on the assumption that all
flows that perceive clean channel states must receive their promised service and not
a fraction of the service as in [50. 49]. and flows which have not received adequate
service due to channel error are supplemented with additional bandwidth via special
sessions called Long-Term Fairness Servers (LTFS). In [52] Lu et al presented a wire-
less fair service algorithm that enhances the fair queueing based service scheme by
decoupling the delay and throughput guarantees. In addition. the work was aimed
at supporting graceful QoS adaptation. supporting real-time delay sensitive flow as
well as non-real-time error sensitive flows. and implementing the wireless fair ser-
vice algorithm within the framework of the simple and robust Carrier Sense Multiple
Access/Collision Avoidance (CSMA/CA) wireless medium access protocol [21].

[n [53] the authors considered the provisioning of QoS guarantees for heteroge-
neous traffic in a wireless LAN based on a cellular structure with dynamic time-
division-duplexing (TDD) TDMA system. According to the QoS requirements. the
traffic is categorized into real-time and non-real-time. The non-real-time traffic is
further divided into two subclasses depending on whether the traffic is delay sensitive
or not. The real-time traffic has priority over the non-real-time traffic. In particular,
the protocol is based on a framing strategy for real-time traffic and a reservation
scheme for non-real time traffic. It was shown that delay and throughput bounds can
be guaranteed using Stop-and-Go queueing, provided that the real-time connection
conforms to a smoothness model.

In [34] the authors studied the issue of wireless access to ATM where CBR, VBR,



43

and ABR traffic sources coexist. They proposed a polling scheme with non-preemptive
priority. and they derived sufficient conditions that ensure that all the CBR sources
meet their jitter requirements and all the VBR sources satisfy their delay constraints.
The remaining bandwidth is used by the ABR sources. Using a MAC protocol called
Group Randomly Address Polling (GRAP). the authors proposed adaptive random
access schemes that track the optimal value of the offered load.

[n [55] the authors investigated the call admission region and transmission schedul-
ing policies tor a TDMA system supporting heterogeneous real-time variable bit rate
applications with diverse QoS requirements and traffic characteristics. The QoS pa-
rameters were given in terms of a maximum tolerable packet delay and a dropping
probability. A packet is dropped if it experiences excess delay. The call admission
region is established for policies that are work-conserving and that satisty the earliest-

due-date (EDD) service criterion.

2.4.2 MAC Protocols

The MAC protocol defines the way the wireless medium is shared among multiple
mobile terminals. In traditional MAC protocols that are designed for voice or packet
data services. a fair and efficient distribution of bandwidth is a primary design con-
sideration. Many MAC protocols have been proposed and analyzed in the literature
(see, for example. [56. 57. 58. 1] and the references therein). We will discuss the MAC
protocols used in cellular voice communications, including frequency division multiple
access (FDMA). time division multiple access (TDMA). and code division multiple
access (CDMA).

[n FDMA. signals from various users are assigned different frequencies as shown
in Fig. 2.6. Guard bands are maintained between adjacent signal spectra to minimize
crosstalk between channels. The advantage of FDMA is that capacity increases can

be obtained by reducing the information bit rate and using efficient digital codes. Its
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disadvantages include limited improvements in capacity. high cost due to narrowband
filter non-realizable in very large-scale integrated (VLSI) digital circuits, and limited

flexibility in bit-rate capability [36].

" y
Time FOMA Tme 4 pva Time COMA

user 6
user S
user 4
user 3
user 2
N user 1 _ L
t2 3 4 Frequench Frequengy Fraquen'cy

FiGure 2.6. Comparison of MAC protocols.

The TDMA system assigns each user time intervals called slots (see Fig. 2.6). A
frame consists of several slots. Each slot is made up of a preamble plus information
bits addressed to various stations. The preamble contains identification and inci-
dental information. and it allows synchronization of the slot at the intended receiver.
Guard times are used between different users transmission slots to minimize crosstalk.
TDMA permits flexible bit rate. higher utilization of bandwidth. and lower cost. Its
disadvantages are shorter battery life and a substantial amount of signal processing
for filtering and synchronization.

In CDMA. a narrowband signal is spread by a wide bandwidth pseudo-noise (PN)
code [36]. A different code is assigned to each signal. and at the receiving end the
signals are extracted out of the background noise by a receiver that cross-correlates
the received signal with a copy of the original PN sequence. All other noise or signals
with codes that do not match the receiver are filtered out. CDMA’s ability to lock
out conflicting signals may allow it to share a system with other radio signals without
interference. CDMA can handle up to 10-20 times the number of callers of an analog
cellular system. With more users on the network, costs can be distributed on a larger
subscriber base. resulting in overall lower line costs. CDMA also offers fewer cell sites,

better multipath resistance, superior voice quality, position location. and increased



call privacy.

[n contrast to the aforementioned MAC protocols in which efficient and equitable
share of the wireless medium is of prime importance, the MAC protocol for multi-
service wireless network require enhanced functionalities for QoS support. Such QoS-
aware MA(C protocols must be capable of supporting an integrated mix of multimedia
traffic and of scheduling packets based on the QoS specifications while achieving high
utilization of the wireless bandwidth. Several MAC protocols have been proposed for
multi-service wireless network [39. 60]. Most of these use demand-based bandwidth
assignment with some form of contention and reservation processes.

Karol et al. proposed the Distributed Queueing Request Update Multiple Access
(DQRUMA) protocol to support an integrated mix of multimedia traffic in wireless
ATM [58]. The protocol considers a time-slotted system with no frame reference where
the request access (RA) and packet transmission (Xmt) channels are formed on a slot-
by-slot basis (see Fig. 2.7). The uplink is divided into a series of slots which consist of
a channel for requesting access (RA channels) and a channel for packet transmission
(Xmt channel). The AP can convert a Xmt channel into multiple RA channels if
needed. Similarly. the downlink consists of a series of slots tor acknowledgment of
access requests. each followed by a channel for packet transmission. Whenever the
AP receives a successful request from an MT, it immediately sends the corresponding
ACK in the appropriate downlink slot. In this protocol. the MT is in one of the fol-
lowing states: “empty”. “request”. and “wait to transmit.” When a mobile registers
with an AP. it is assigned a local ID. called a ~b-bit access [D.” Upon the arrival of a
packet at the empty buffer. the mobile sends an Xmt Req to the AP using the uplink
request channel and changes its state to “request.” When receiving the Xmt _Req mes-
sage from an MT. the AP updates the corresponding entry in a request table (RT).
which has an entry for each mobile in the cell, and sends an ACK to the MT. Each
entry in the RT contains the b-bit access ID and information about whether the MT

has more packets to transmit. Upon receiving the positive ACK, the MT switches to



46

| Slot k-1 slot k | Slotk+1 |
[ J 1§ I
7 - > ~
Ve I
d e
' ¢" | |  PacketXmtChannel \j
Uplink
i I * | |
! ,
Request Access Piggybacking (PGBK)
(Random Access) Request (Contention-free)
. | [ | Packet Xmt Channel |
Downlink
[ | + I ]
] ]
b-bit ACK of b-bit Packet Transmit
Request Access Permission (Xmt_Perm)

for the next time slot

Figure 2.7. Timing diagram of DQRUTMA.

the "wait-to-transmit”™ state and keeps listening to the downlink Xmt_Perm channel.
waiting for permission to transmit from the AP. When the AP decides to allow trans-
mission by a particular MT from the RT. it sends a transmit permission (Xmt_Perm)
through the downlink NXmt_Perm channel. The corresponding MT. after detecting its
own b-bit [D. transmits a packet in the next slot and switches to either the “empty”
state or the "wait-to-transmit” state. Each time an MT transmits an ATM packet. it
includes a piggvbacked message in case it has more packets to transmit. In this way.
the MT can avoid repeating reservation process while its buffer is not empty.

[n [L. 7] a fairly general MAC framework for wireless ATM services was proposed
using the multi-service dynamic reservation (MDR) TDMA channel format. Asshown
in Fig. 2.8. each frame is divided into uplink and downlink by time-division-duplexing
(TDD). The dewnlink transmission is a single burst containing modem preamble,

frame headers. control. and data. Uplink consists of a contention access (slotted

ALOHA) control subframe and data slots allocated for ABR/UBR, VBR, and CBR
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services. Contention slots are dedicated to serve newly activated terminals. Each
active terminal needs to contend for contention slots to establish a connection. After
transmitting a packet on a contention slot successfully, the data slots can be assigned
to the terminal in subsequent frames. While a maximum number of slots assigned
for voice traffic in a frame is limited, VBR and packet data messages are dynamically
assigned one or more slots in the TDMA interval following the last allocated voice
slot in a frame. The basic channel access scheme follows a combination of circuit
mode reservation of slots over multiple TDMA frames for ('BR voice calls. along
with dynamic assignment of the remaining capacity for VBR or packet data traffic.
For VBR traffic. allocation is based on a suitable statistical multiplexing algorithm in
which the available capacity is prorated among demands based on the usage parameter

control (UPC') values declared during the call setup phase.
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FIGURE 2.8. Frame structure of multi-service dynamic reservation TDMA proto-

col [L].

Bianchi et al. in [56] proposed a Centralized Packet Reservation Multiple Ac-
cess (C-PRMA) protocol. which adopts a hybrid random access and polling scheme.
Random access techniques are used by the mobile stations to reserve for a message
transmission. while the information packets are transmitted by using a polling scheme
managed by the AP. The polling sequence of the reserved mobile station is generated
by a scheduling algorithm that maximizes the performance taking advantage of the

different loss and delay traffic requirements of different kinds of traffic.
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In the C-PRMA protocol, two separate time-slotted channels are used for com-
munication. The uplink channel conveys the information from the MT to the AP.
while the downlink channel is used to communicate in the opposite direction (see
Fig. 2.9). There is no multiple access problem in the downlink since the downlink
is exclusively used by the AP. In contrast. transmissions from different MTs in the
uplink channel must be coordinated. For this purpose. the AP transmits slot-by-slot
commands. which allow to manage a hybrid random access-polling scheme among
the MTs. Random access is used for reservation only. while the polling mechanism
provides the transmission coordination among the MTs. Available slots in the up-
link channel are dedicated to transmission of the reservation requests. A reservation
request must be transmitted by an MT at any transition from silent to active state.
The reservation request can be structured as a minipacket. After each available slot
in the uplink channel. a slot in the downlink channel is dedicated to acknowledge the
reservation request. [n such a slot. the AP transmits the identifier of all the MTs
that have successfully reserved.

In the uplink channel. data packets are transmitted on the reserved slots assigned
by the AP using the polling command. The polled MT responds with a data packet
transmission in the same time slot. The polling command issued by the AP for each
reserved slot identifies the MT which is permitted to transmit. The commands toward
the same destination are issued alternatively as sequenced commands ~0" (SCO0) and
*1™ (SC1). This mechanism allows to verify that the exchange of commands and
data packets between the AP and each MT is correct. The header in the data packet
transmitted by the polled MT contains the MT identifier to check the correctness of
the procedure. a CRC field. and a More Indicator (MI) to signal the AP the need to
keep on (MI = 1) or to stop (MI = 0) polling the MT.

The main features of C-PRMA are the capability to integrate several classes of
services, and to allow a prompt retransmission of corrupted packets to enhance the

QoS in harsh propagation environment. The polling sequence of the reserved mobile
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FIGURE 2.9. Data and signaling channels in C-PRMA.

stations is generated by a scheduling algorithm which maximizes the performance
taking advantage of the different loss. delay and traffic requirements of different kinds
of traffic. The resulting dynamic channel assignment has proved to he very effective
in increasing the system capacity in cell environments with and without interference
noise [36].

Wideband CDMA (WCDMA) has been chosen as the radio access technology for
[MT-2000. which is the standard being developed for next-generation global mobile
communication systems [37. 61]. According to WCDMA. the physical layer can si-
multaneously transmit data from multiple connections in a single MT. Data streams
are multiplexed at the physical layer. The different service requirements. specified
in terms of BERs. can be satisfied at the physical layer by applying different types
of coding techniques for different services. Furthermore, the MT can transmit at
different rates out of a discrete set of possible bit rates. The MT is assigned a set

of dedicated bidirectional channels (DCH) containing the associated control channel
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on which power control bits and rate information bits are transmitted. Power con-
trol bits are used to mitigate the effects of fast fading, whereas the rate information
bits advise the actual rate of the dedicated channel. In the uplink, the DCH rate is
modified through changing the spreading factor.

Packet data services are provided through two methods: ALOHA-based transmis-
ston on a random access channel (RACH) and a DCH request on RACH [62]. Short
packets can be immediately transmitted on RACH using ALOHA. The RACH is a
common channel to all MT's in a cell and it is also used for issuing transmission
requests. For larger packets. the MT requests a DCH on the RACH by indicating
the type of service and the packet length. After evaluating the available resources.
the network will answer the requests providing a set of possible transmission formats
(TFs). The network controls the transmission rate of each connection depending on
the network load. Once the transmission is completed. the MT will maintain the link
for a certain time. [f a new packet is generated during that time. the MT can start
transmitting immediately with the prescribed TF. However. if the generated packet
is vary large, the MT will first have to issue a request on the DCH (piggybacked
request) asking for permission to transmit. Eventually. if no more packets arrive
during the channel-holding time. the link should be released. However, TEFs will be
kept for a certain period to facilitate future transmissions. Similar to the packet data
service. real-time services also follow the same procedure of requesting channels on
the RACH. obtaining TF's from the network. and transmitting immediately using any
TF out of its TF set. However. anv TF can be used in real-time services. whereas
the network assigns a specific TF for packet data services.

The WCDMA protocol handles a complicated and a very flexible physical laver
with many transmission options. Control is performed through a demand assignment
protocol (except for short packets) that relies on a complex resource management
procedure performed in the network. In fact, the stability of the protocol depends

on higher layer-functionalities such as call admission control (CAC) and congestion
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control (C'C). When the network is heavily loaded and the ongoing connections thus
suffer from excessive interference. the CAC will regulate the admission of a new call
and the CC will order the MAC to decrease the transmission rates (lower profile TF's).

However. these high-layer functionalities are not completely defined yet [60].

2.4.3 Error Control

[n {2] it was demonstrated that rate-compatible punctured convolution (RCPC) cod-
ing can potentially support a broad range of QoS requirements for multimedia services
on ATM-based wireless systems. The rate-compatibility restriction is imposed on the
encoder to insure that a single encoder/decoder is used to provide unequal protection
(UEP) for different parts of a data unit. thereby supporting a wide range of QoS
levels [63]. Figure 2.10 shows the block diagram of the RCPC coding system [2].
Ditferent levels of error protection are applied to the header. trailer. and information
payload. Typically. the critical information contained in the header and trailer should
be protected more securely. In the RCPC system. the code rates were obtained to
meet the target BER of information payload. An important issue that was not ad-
dressed in that study is the design of a rate control mechanism for the RCPC encoder.

which should be based on source significant information and the state of the channel.
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Figure 2.10. Block diagram of RCPC coding systems [2].

Cain and McGregor proposed an error control architecture for wireless ATM [3].
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As shown in Fig. 2.11. the main constituents of this architecture includes channel
interleaving. ATM interleaving, FEC, and data link ARQ. Channel interleaving ran-
domizes channel burst errors, thereby minimizing the degradation in performance.
[n contrast. ATM interleaving randomizes the FEC burst errors and minimizes the
ATM HEC degradation. FEC is used to reduce the channel error rate and to achieve
the required signal-to-noise (SNR) ratio. Data link ARQ provides reliable delivery for
data. thereby eliminating the performance degrading effects of poor-quality links on
the upper-layer protocols such as TCP. [n particular, a concatenated coding scheme
that uses an outer Reed-Solomon (RS) code and an inner convolutional code was
proposed as an essential part of the error control architecture [6-1].

Needed only for burst noise channels

ATM Celis , delay sensitive tratf / Wireless

In/Out / Channel
ATM ;
Data Link Int/Deint Codeg ¢ Int/Deint
ARQ

FEC -—« Channel — Modem —e

FEC may have multiple levels of
coding such as a concateriated code

loss sensitive traffic

FIGURE 2.11. Example of error control architecture for multi-service wireless net-

work [3].

In [24]. Liu and Zarki proposed a hybrid ARQ error control scheme that is based
on the concatenation of a RS code and RCPC code tor low-bit-rate video transmission
over wireless channels. The proposed error control scheme. called concatenated hybrid
ARQ (CH-ARQ). uses three class of codes: an (.V. ') CRC code for error detection. a
RCPC code for error correction. and a half-rate invertible shortened RS code (2k. k. ¢)
for both error detection and correction. For an invertible code. the information block
and parity block have the same length, and the information block can be obtained

uniquely from the parity block by a simple inversion algorithm.
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Chapter 3

ANALYTICAL FRAMEWORK

3.1 Framework

[n order to analyze the packet-level performance of a wireless link. we consider the
framework shown in Figure 3.1. [n this framework. traffic streams from one or more
connections are fed into a finite-size FIFO buffer. A constant service rate ¢ (in
packets/second) is assigned to the wireless connection. but the actual drain rate
observed at the buffer is reduced due to retransmissions and FEC overhead. The way
of estimating the actual service rate will be discussed in the following section. In
our study. we consider a particular hybrid ARQ/FEC approach in which the cyclic
redundancy check (CRC) code is applied first to a packet. followed by FEC. We
assume that the CRC code can alone detect almost all bit errors in a packet. [n
contrast. only a subset of the errors can he corrected by FEC. In addition. we impose
a limit on the number of packet transmissions. [mposing such a limit can be used to
provide delay guarantees for real-time traffic. Once a packet hits the limit. it will be
discarded. We define the packet discard rate (PDR) as the ratio of packets reaching
the limit over the total number of transmitted packets (excluding lost packets due to
butfer overflow). For simplicity. we ignore the overhead of the medium access control
(MAC) layer.

The above model has three control parameters: the service rate (or assigned band-
width). the FEC code rate. and the limit on the number of transmissions. These
parameters can be adjusted during connection setup to satisfy certain QoS require-
ments. From the network point of view, the selection of these parameters is very

crucial and requires thorough understanding of their impact on the packet-level per-
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FiGure 3.1. Framework for analyzing the performance over a wireless link.

formance. The main theme of this study is to investigate the packet-level performance
of a wireless link as a tunction of the assigned bandwidth. the limit on transmissions.

and error control schemes.

3.2 Queueing Model

[n this section, we describe the queueing model that is used to analyze the packet-
level performance for a single traffic source transported over a wireless link. The
source is characterized by an on-off fluid process with peak rate r. Its on and off
periods are exponentially distributed with means l/a and /3. respectively. The
wireless channel is modeled using a Huid version of Gilbert-Elliott (GE) model which
is often used to investigate the performance over wireless links [63]. As explained in
Figure 3.2. the GE model is Markovian with two alternating states: Good and Bad.
The bit error rates (BER) during the Good and Bad states are given by P., and
P.. respectively. where P,, < P.,. The durations of the Good and Bad states are
exponentially distributed with means 1/§ and 1/7, respectively.

The FEC capability in the underlying hybrid ARQ/FEC mechanism is charac-
terized by three parameters: the number of bits in a code block (n), the number of

payload bits (k), and the maximum number of correctable bits in a code block (7).
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Note that n consists of the A pavioad bits and the extra parity bits. The FEC code

rate ¢(7) is defined as

()=

Assuming that a FEC code can correct up to 7 bits and that bit errors during a
given channel state are independent. the probability that a packet contains a non-

correctable error is given by:

n(r)
Pipp.7)= Y < n(jl) ) (L — py)™7 (3.1)

=1+l
where py is the bit error probability: p, € {P.,. P.s}. To account for the FEC overhead.

we obtain the actual service rate ¢, observed at the output of the buffer:
c. =c-€e(T) (3.2)

where ¢ is the bandwidth assigned to the connection.

The eract behavior of ARQ and FEC in the underlying queueing model is difhi-
cult to analyze. To obtain analytically tractable results. we assume that the packet
departure process follows a fluid process with a service rate that is modulated by the
channel state (see Fig. 3.2). This approximation implies that there are two determin-

istic service rates: ¢, during Good states and ¢, during Bad states. We assume that
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the feedback delay for sending an acknowledgment from a given receiver to the sender
is smaller than the minimum time between two successive transmissions to that re-
ceiver. This assumption is reasonable in a TDMA environment. where the channel
capacity is being shared by several connections (destinations. MTs). Each connec-
tion is assigned one or more slots within a TDMA frame. Slot assignment reflects
the constant service rate that is allocated to a connection!. .\ packet is successively
retransmitted until it is correctly received at the destination or until the limit on
the number of retransmissions is reached. In this scenario. the total time needed
to successfully deliver a packet conditioned on the channel state follows a truncated
geometric distribution. Let .V,, denote the number of retransmissions (including the
first transmission) until a packet is successfully received or is discarded because it
reached the limit on retransmissions. For a given packet error probability P. and a

limit on transmissions .\V;. the expected value of .V, is given by:

. | — PV
E[Ny] = T (3.3)

Thus. ¢, and ¢, correspond to the mean transmission rates of the truncated geometric
trial with parameters (P.,..V;) and (P.;..V;). respectively. where P., and P., are
the packet error probabilities in Good and Bad states. respectively. given by (3.1).
Formally.

C'G(T)'(i - Pc.g)

gy = - 3.4
“ | — P (34)

c-e(r) (L= Py) y =
Cy, = [ P:\b’ . (3))

where P., = P.(P.,.7)and P.p = P.(P.p. 7).

!The discipline of guaranteeing the constant service rate to a connection can be implemented by
the periodic assignment of slots in a TDMA frame.
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Chapter 4

PACKET L0SS PERFORMANCE

4.1 Introduction

[n this chapter. we investigate the packet loss performance due to buffer overflow at
the transmitter side of a wireless link. We consider two scenarios (Figure 1.1). In
the first scenario. a single stream is transported over the wireless link. This stream
represents. for example, the traffic from a mobile terminal (MT) to an access point
(AP) in a cellular system. In Figure 4.1, the terrestrial link between the MT and an
AP is used to transport the traffic stream of Connection A. In the second scenario,
several streams are multiplexed onto the same wireless link. which can be. for example.
an intermediate satellite or microwave link. For both scenarios. we assume that the
transmitter side of the wireless link maintains a finite-capacity packet buffer. which

may occasionally overflow.

FIGURE 4.1. Two scenarios for transporting traffic over a wireless link.

Packet losses are aggravated by the ARQ retransmission process, leading to a
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reduction in the effective service rate. Therefore. extra bandwidth must be assigned
in order to compensate for the reduced service rate. This extra bandwidth can be
assigned by increasing the service rate and/or the FEC rate. I[ncreasing the service
rate reduces the PLR although the quality of the wireless channel stays unchanged.
[n contrast. increasing the effectiveness of FEC' improves the quality of the wireless
channel at the expense of extra bandwidth. which may in turn reduce the effective
service rate. Thus. the FEC code rate has a subtle effect on the PLR. In general.
adaptive coding vields the effect on the PLR. In general. adaptive coding yields the
optimal throughput for a channel with variable error statistics [66].

[n this study. we address the problem of finding an optimal bandwidth and FEC
code rate for a guaranteed PLR. We refer to this bandwidth as the wireless ¢ffective
bandwidth. which is similar in concept to the effective bandwidth in wireline ATM
networks. To compute the wireless effective bandwidth. we first evaluate the packet
loss performance at the transmitter. taking into account the channel behavior and the
underlying error control schemes (ARQ and/or FEC). For this purpose. we model each
traffic source by an on-off fluid process. and we use a fluid version of Gilbert-Elliott
model to capture the behavior of the wireless channel. Using tuid-flow analysis.
we compute the PLR due to buffer overflow for a single and multiplexed streams.
In the single-stream case. we provide a closed-form approximation of the wireless
effective bandwidth. OQur results are used to study the impact of FEC on the effective
bandwidth for a guaranteed PLR. Extensive simulations are conducted to verify the
goodness of our analytical results.

The rest of the chapter is organized as follows. Related work is reviewed in
Section +.2. The packet loss performance for a single stream is studied in Section 4.3.
The corresponding wireless effective bandwidth is analyzed in Section 4.4. The PLR
for multiplexed streams is studied in Section 4.5. Numerical results and simulations

are reported in Section 4.6.
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4.2 Related Work

[n this dissertation. we propose the novel concept of wireless effective bandwidth by
using tluid queueing analysis in which packets are treated as a stream of fluid. The
analysis. heavily used in analysis of the ATM multiplexer. facilitates modeling compli-
cated interactions among the components of communication networks at the expense
of acceptable level of approximation. We adapt the analytic models established in the
context of the ATM network into the wireless environment. We review first the litera-
tures that deal with the notion of effective bandwidth in analvsis of ATM multiplexer.
And some initial works related to adaptation of the notion to wireless networks will
be discussed.

[n wireline packet networks. there has been a significant research efforts to investi-
sate the bandwidth under the area of effective bandwidth. Guérin et al. proposed an
approximate expression for the effective bandwidth of both individual and multiplexed
connections. arguing that this approximation is necessary for real-time network traffic
control [67]. The effective bandwidth was computed from the combination of two dif-
ferent approaches: a fluid-flow model and an approximation of the stationary bit rate
distribution. These two approaches are complementary. capturing different aspects
of the behavior of multiplexed connections. while relieving numerical complexity. For

large buffers. the buffer overflow probability G/(r) is to be of the form:
G(r) ~ Je™~.

To obtain the effective bandwidth ¢ in a closed expression for a target G(r). the
authors approximated 3 into |. However, this approximation is acceptable only the
case when either the number of connections is small or the actual total effective
bandwidth is reasonably close to overall mean rate. [t furthermore overestimates the
effective bandwidth and leads to ignoring the effect of statistical multiplexing. In
particular, J is significantly deviated from | with longer burst periods and relatively

lower utilization. To compensate this drawback, stationary approximation was used



60

when a number of connections with relatively long burst periods are multiplexed.
Their approaches were aimed at developing a simple and vet reasonably accurate
metric to compare load levels on network links. rather than trying to apply exact but
intractable models.

Elwalid and Mitra studied the effective bandwidth for general Markovian traffic
sources [63]. It was shown that the effective bandwidth is the maximal real eigenvalue
of a matrix. directly obtained from the source characteristics. network resources. and
service requirements. with dimension equal to the number of source states. In addi-
tion. the effective bandwidth for multiple sources was shown to be simply additive.
Numerical results showed that the admission set for heterogencous classes of sources
is closely approximated and conservatively bounded by the set obtained from the
effective bandwidth approximation.

Elwalid et al. proposed an approximation for the cell loss rate (CLR) at an
ATM multiplexer using a hybrid Chernoff-Dominant Eigenvalue (CDE) approach [69)].
They proved fundamental upper and lower bounds on loss probabilities in buffered
multiplexing systems with time-reversible Markovian sources. which provably reflect
true behavior for the full range of buffer sizes. They proposed an approximation.
called Chernoff-dominant eigenvalue method. for all Markovian traffic sources which
is based on the upper bound. [n their analysis. the CLR for the buffer size B. G/ B)

is estimated by
G(B) ~ Le8

where L is estimated from Chernoff’s theorem and = corresponds to the multiplexing
system’s dominant eigenvalue. They applied the analytic approximation to statistical
models of video conferencing traffic and obtained the capacity of the multiplexing
system as determined by the number of admissible sources for given CLR. buffer size,
and trunk bandwidth.

The research on effective bandwidth has generally been addressed in the context
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of high-speed (wired) ATM networks. Mohammadi et al. extended the concept of
effective bandwidth to wireless ATM networks [70]. [n their study, the total CLR
was calculated by taking into account the cell loss due to a non-ideal channel as well
as buffer overflow. However, the target CLR can be guaranteed by controlling the
CLR due to buffer overtlow only. Furthermore, the impact of error control was not
considered.

Bandwidth allocation and FEC code optimization in wireless ATM networks were
discussed in [71] using a simplified framework that did not involve traffic models
and queuing analysis (traffic sources were characterized by their mean rates). They
studied two optimization problems: (1) for a given allocated capacity for a given
connection, how to maximize the channel’s throughput. and (2) for a given traffic
stream. characterized by its mean rate. how to minimize the required bandwidth.
The results showed that. for a given size of transmitted block and a given signal-
to-noise ratio (SNR). there is an optimum FEC redundancy level that maximizes
the channel throughput. Consequently. preferences should be given to systems with
adaptive code rate due to the time-varyving nature of the wireless channel.

Chaskar et al. [72] studied the performance of TCP over a wireless link. Their
analysis was used to investigate the “effective link capacity.” defined as the maximum
arrival rate of TCP packets for which bulfer overflow is less than I/W'l;'d: Wi, being
the bandwidth-delay product. It is based on [73] where it was shown that if TCP
sees a probability of end-to-end loss above the threshold l/Wﬁd, then its throughput
will deteriorate significantly. In [7-] the authors presented a framework for providing
QoS guarantees over a Rayleigh faded wireless downlink assuming FEC-based link
shaping.

Evans and Everitt [75] developed product form traffic model for single- and multiple-
cell CDMA networks with multiple classes of mobile connections. They specified a
flexible call admission control procedure that details the allowable number of con-

nections of each class in order to meet an acceptable QoS. Effective bandwidth from
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analysis of statistical multiplexing at the ATM network were used to give perfor-
mance guarantees that overcome the variability in interference levels characteristic of
CDMA cellular networks. The result was an admissible region bounded by a finite
number of hyperplanes and a simple and efficient call admission policy. The CDMA
network operating within the admissible region has a very similar form to a circuit-
switched network. This similarity allows the existing traffic modeling techniques and
network management strategies for general loss networks to be applied to CDMA

mobile cellular networks.

4.3 Packet Loss Performance for a Single Stream

[n this section, we analyze the packet loss performance for a single traffic stream
transported over a wireless link. Considering the analytic framework discussed in
Chapter 3. we can see that the problem of determining the wireless effective bandwidth
reduces to obtaining a service rate ¢ that satisfies a required PLR. The underlying
queueing system is controlled (modulated) by a four-state Markov chain with state

space

S ={(0.¢).(0.b).(L.g).(L.b)}

where 0 and | denote the on and off states of the traffic source. respectively. and ¢
and b denote Good and Bad channel states. respectively. Figure 4.2 depicts the state
transition diagram of the Markov chain.

Following a standard fluid approach (see [76], for example). the evolution of the
buffer content can be described by the following differential equation:

dIl(x)
dr

D = [I(z)M (+.1)
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FIGURE 4.2. State transition diagram.

where
D £ diag[—c,. —chor — ¢y — cp).
[l (r) 2 Pr{buffer content < r.and the system s € S}.
M(r) £ [Mog(x) Mop(e) Miy(e) Myse)] .

and M is the generator matrix of the underlying Markov chain:

—(3+9) o 3 0

_ R —(J3+7) 0 3

M = «a 0 —(a +9) )
0 o 1 —la+s)

Throughout the dissertation. matrices and vectors are boldfaced.
The solution of (4.1) corresponds to the solution of the eigenvalue/eigenvector

problem:
zoD = oM (+.2)
which is generally given by

[I(z) = Z a; exp(zir)o;

%<0

where «;’s are constant coefficients and the pairs (z;,¢;),t = 1.2.---, are the eigen-

values and the right eigenvectors of the matrix MD™" [76, 77]. Let w denote the
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stationary probability vector of the Markov chain; w satisfies wM = 0 and wl = 1,

where 1 is a column vector of ones. Then w is given by:

l
= ~ ab v 36|.
v SO

The mean drift is given by:

a+3 64+

7 o 0
wD1 = — STt .

For a stable system., wD1 < 0. I[n this study. we consider a stable system with an
infinite buftfer.

[n order to solve (-1.2). we follow the approach used in [77]. The four-state Markov
process is decomposed into two processes; one describes the on-off source and the other
describes the state of the channel. These two processes are parameterized by the two

generator matrices M and M,. where

M, = [ —”i _7’0 ] and M, = [ _‘o 0 } (4.3)

'y —

¢ i

with
M=M, 2I+1I:M, (4.4)

and A = B is the Kronecker product of two matrices A and B. For the drift matrix

D. we have
D=+E,2I-1I2E. (4.5)

where E, and E. are given by

100 e O
E,—[O l]andEC_[O Cb]. (4.6)

Consider the following decomposition for the eigenvector of MD™':

=1 D &2 (4+.7)









67

where [A]T is the transpose of the matrix A. Finally. the stationary buffer content

distribution [I(.r) is given by

[l{¢) = ayw + E a;exp(zir)o;
%<0
where a4 is the coefficient associated with the zero eigenvalue. For a stable system.
the coetficients a; associated with positive eigenvalues are set to zero.

For an infinite buffer system. we have the following boundary conditions [77]:

[1,(0) = 0. for z; < 0.with r > c¢,.rr > ¢

ag=1. (since [I{c) = w).

[f r > ¢,. we have two negative eigenvalues. =y and z;. In this case. the coefficients

[ ay ] - _ [ Oly(:l) Oly(:'.!) ]—l [ Wiy ]
s ow(=z1)  owl(=2) wip

where o,(z) is the eigenvector element of state s by (-1.16).

are given by

[t r < ¢,. there is only one negative eigenvalue z;. The coefficient «a; is simply

given by:
ap = —wyp/o15(21).

After obtaining the eigenvalues. the eigenvectors. and the coefficients. we can
construct the stationary buffer content distribution [I(.r). Consequently, the PLR

due to buffer overflow G/(x) is given by:
G(r) = | —=1I(x).

[n Section +.6. we provide some numerical results related to the PLR. In addition. we
compare the above analytic result with simulation results to test the accuracy of our

analysis.
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4.4 Wireless Effective Bandwidth

The expression for the PLR that was obtained in the previous section can. in principle,
be used to compute the effective bandwidth. However. this requires expressing the
service rate ¢ as a function of other variables (PLR. buffer size. channel BERs. the
number of correctable bits, etc.). In general. it is not possible to obtain an eract
closed-form expression for the effective bandwidth, which would be useful in real-
time traffic control !. Even for a single source (i.e.. no multiplexing). the closed-form
solution is not available without approximation [73. 67].

[n this section. we derive an approximate expression for the effective bandwidth
following the approach used in [63]. [n [63] the authors consider the service rate ¢ to
be a variable parameter and the eigenvalues to be functions of ¢, i.e.. = = f(¢). Since
the probiem is to obtain ¢ for a given =, ¢ can be expressed as the inverse function.
Le..c= f71(2) 2 g(=). The key point in the analysis is that this inversion problem
reduces to another eigenvalue problem (see [G8] for details).

Consider (.2). In this case. the drift matrix D can be written as

D =rB, — ce(7)B.

where
0000 n, 0 0 0
10000 _ mo 00
B, = 0010 B. = 0 0 n O
0001 0 0 0 m

Ny =1—P(P.,.7).and gy = | — P.(Pe. 7). Substituting D into (1.2), we obtain the

following relation:

zo(rB, —ce(7)B.) = oM.

'n this study. we use the term “effective bandwidth’ in a general sense to refer to the minimum
service capacity that is needed to achieve a given PLR. We use the term ‘effective bandwidth
approximation’ to refer to the more specific definition of Elwalid et al. [68].
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Let ¢ 2 g(z). Then,

zroB, — zg(z)e(t)oB. = oM.

[N

Rearranging the previous equation. we obtain
, 1
g(z)e(rt)o = o (——:1\/[ + rB,) B-'. (L1.17)

Note that the problem of obtaining ¢(z) translates into another eigenvalue problem.
According to [63]. the effective bandwidth is approximated by the maximal eigenvalue
g(z) satisfving (1.17).

From (14.17) and after some tedious algebraic manipulations. we obtain the follow-

ing four eigenvalues:

Cy=(ng+ns)Cat /2 Cy~CaCy)
~ g Angne
¢ ~)c T)= ) .
giz)e(r) Cr+(ng+np)Cat /2 C3+CaCy)

U PLTS

where

Cy o= (g +m)r —((a+ I3+29)y, + (@ + 3 +20))¢

Cy = V(r—(a— 3)E)? + lade?
Cy = pillr = (a+8)6)° + (I +8) + 2a3)&%)
=20ym(r* = (20 + 8+ 7)ré + (@ + I)(a + 3+ 8+ 7) - 287)¢7)
+n((r = (@ + 7)) + (3 +7)° + 2a9)€%)
Cy = (g =m)ng(r = (a+3+2%)&) — n(r — (a + 3 +26)§))
¢ = —B/logp. B is buffer size and p is PLR.
Thus. the maximal eigenvalue. corresponding to the wireless effective bandwidth ap-

proximation. is given by:

Ci+ (ng + 15)C2 + /2(C5 + C2CY)
g(z) = :
4n,mee(T)

Note that this is an asymptotic result. i.e., the buffer size is very large and the PLR

is very small.



4.5 Packet Loss Performance for Multiplexed Streams

So far, we have considered the transport of a single on-off source over a wireless ATM
link. As indicated in Figure 1.1. it is also possible to multiplex several connections
onto the same wireless link. In this section. we extend our previous packet loss analysis
to the case of multiplexed streams.

The wireless ATM link is modeled as an ATM multiplexer with randomly varying
service rate. This model is similar to the producer-consumer model investigated in
[77). In [77] the traffic generation (production) and the packet delivery (consumption)
processes are coupled by a buffer. which enables their decomposition and consequently
facilitates the analysis. When a single connection is considered. the traffic generation
and delivery processes are specified by Equations (1.8) and (1.9). respectively. For
K multiplexed Markovian fluid sources. the traffic generation part is governed by the

following equation [77]:
z0,[\y = oI} = o, M, (1.18)

where M, and .\, are the infinitesimal generator and rate matrices for the aggregate

traffic. respectively. These matrices can be written as

M, = M{+M; < -+ My

‘\s = .\[ *E‘ .\2 "‘E‘ ve e .\[\'
where M; and .\, are the infinitesimal generator and rate matrices of the ith source.
i=12.--- K. In (4.13). = and o, are the eigenvalue and eigenvector of the matrix

M, [\, — ¢I]!. respectively. The operator % denotes the Kronecker sum.

As for the packet delivery process, it is governed by [77]:
z0,[vI-E.] = o.M, (4.19)

where M, is the generator matrix for the service process (the consumption part).

and z and ¢, are the corresponding eigenvalue and eigenvector. respectively. For the
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two-state Gilbert-Elliott channel model. M, and E, correspond to M, in (.3) and
E. in (1.6). respectively.

Exact analysis of the producer-consumer system described by (4.18) and (1.19)
was provided in [77] for on-off sources. The buffer consumption rates in [77] were
taken as integer multiples of some unit rate. In Appendix B, we provide the exact
solution for the PLR based on Mitra's results. with adaptation to our wireless ATM
model. Note that in our model, there are two consumption rates (¢, and ¢;). But ¢,
is not necessarily an integer multiple of cs.

While an exact solution for the PLR is feasible. the computational complexity
associated with this solution is rather high. A much simpler approximate solution
can be obtained. which is sufficiently accurate. In [69]. Elwalid et al. proposed an ap-
proximation for the PLR at an ATM multiplexer for general Markovian sources using
a combined Chernolf-dominant eigenvalue (CDE) approach. In this approximation.

the PLR at the multiplexer with buffer size r is approximated by
G(r)~ Le™ (-£.20)

where = is the dominant eigenvalue and L is the corresponding coefficient. A procedure
was presented for computing = and L for an ATM multiplexer with a constant service
rate ¢. A similar procedure will be used in this study to approximate the PLR at
a wireless ATV link. Note that the service rate in our model fluctuates randomly

depending on the channel state.

4.5.1 Calculation of the Dominant Eigenvalue

According to the results in [68]. the dominant eigenvalue of (4.18) is the unique

solution of the equation:

Zg;(:) =v (4.21)
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where ¢;(z) = MRE[\; — M,/z] and MRE[A] denotes the maximal real eigenvalue
of the matrix A. Note that v is a variable coupling (1.13) and (4.19), which differs
from [68] in that the constant service rate in [63] is replaced by the variable v. Let
us consider the packet delivery part corresponding to (-1.19).

From (4.12). v is given by

ey + ) =0 =7 \/Qaz) (1.22)
.): . “t.

U=

We can obtain the dominant eigenvalue by equating the left-hand side of (4.21) and
the right-hand side of (4.22). Since the dominant eigenvalue is the unique solution
of (+.21) and = is a decreasing function in v. the smaller value of v in (14.22), ie.,
the term containing ++/Q2(=). must be equated with (1.21) to obtain the dominant

eigenvalue:

Thus. the following proposition can be established.

Proposition 4.5.1. The dominant eigenvalue in the wireless ATM multiplerer model

represented by (.18) and ({.19) is the value of = satisfying the following equation:

2s

=1

For a single on-off source. ¢g(z) is given by:

(r:+a+Jd)- \/(r: +a-—3)?+ lad
g(z) = 5

-~

which is the same as (4.11).

4.5.2 Approximation of the Coefficient L

Prior studies have shown that the coefficient L in (4.20) plays a critical role in ob-

taining an accurate estimate of the PLR [78, 69]. In this section. we provide an



3

approximation of L using a Chernoff-bound approach. in line of Elwalid et al.’s work
[69] on analyzing the PLR at a multiplexer with a constant drain rate.

Following the discussion in [69] and the references therein. one can approximate
the constant L by (/(0). implying that L is approrimately the packet loss probability

in a bufferless multiplexer:
G(0) = L.

[n a bufferless multiplexer. packet losses occur when the input rate exceeds the
service rate. Let \; denote the packet generation rate from source i at steady-state.
The total tratfic generation rate from A" sources is denoted by \ where \ = Z‘I‘zl \u-
For an ATM multiplexer with a fixed service rate R. L is estimated by

L = P[\ >R
Using Chernolfl bound. Elwalid et al. [69] showed that as R — > with A/R = o(l).

P[\ > R] can be obtained as follows:

exp(—F1(s"))
Pl\ > R] = =[] 4 o(1 123
2 A= v et 2
where
KN
F(s) = sR=)_logNi(s)
=1
Vils) £ Elexp(s\i)]
o(s) = 0210g€[§;¥p(->‘\)]
’ ds?
_ 3 ‘\’{'(a‘)_(.V':(s))l
p V() Ni(s)

and F(s%) = sup ., F(s).
In our case. R is not fixed, but can take one of two values (¢, and ¢,). Losses will
occur when y exceeds ¢, during the Good state and ¢; during the Bad state. Thus.

L in (4.20) is given by:

L = G(0) = P\ = ¢;Jw, + Plx 2 cy]wy (4.24)
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where w, and w; are the steady-state probabilities that the channel is in Good and Bad
states. respectively: w, = v/(6 + 7). ws = 8/(6+ 7). The probabilities P[\ > ¢,] and
P[\ > cy] are obtained by substituting ¢, and ¢, for R in (+.23). For A" homogeneous

on-off sources with a constant service rate R, we have

Ni(s) = we” + wy

F(s) = sR— Klog(we” + wy)

2, KNuwyworse®

(wie® + wp)?

where r is the source peak rate. w; and wy are the steady-state probabilities that a
source is in on and off states. respectively: wy = 3/(a + 3) and wy = af(a + 3). For

R < Kr. F(s)is a concave function with 5™ given by

. l R Wy

S = -

og ——————.

r (KNr — R)w,

Replacing R in the above equation by ¢, and ¢. one at a time. we obtain corresponding
values s7 and s;. which are then used in (4.21) to evaluate P\ > ¢,] and P[\ > ).
[n summary. for A" homogeneous on-off sources that are multiplexed onto the wireless

link. L is given by
=] o

L = P\ 2c)Jw,+ P\ > c)ws

e~ %% (wye’" + wo)"“wg e (1w e + wu)"+l wh

syry 27 N wywee’s” spry/2m Kwpwoe”

4.6 Numerical Results and Discussion

In this section. we present numerical examples of our analytical results. We verify
the adequacy of these results by contrasting them against more realistic simulations.

Similar to the analysis, the simulation results are obtained using on-off traffic
sources with exponentially distributed on and off periods. However. the length of

an on period in the simulations is truncated to obtain an integer number of packets.
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The ARQ retransmission process is simulated in a more realistic manner. whereby a
packet is transmitted repeatedly until it is received with no errors. The probability
of a packet error is computed from (3.1) for both channel states. Conditioned on the
state of the channel. the number of retransmissions of a given packet in the simulation
setup follows a geometric distribution. Transitions between Good and Bad states are
assumed to occur only at the beginning of a packet transmission slot. .\ packet is
retransmitted if one or more bits are in error. [t is assumed that the propagation delay
is small. so that the ACK/NAK message for a packet is received at the sender hefore
the next transmission slot. Finally. we use a finite bulfer size in our simulations. in
contrast to the infinite-buffer assumption in the analysis.

[n our experiments. we vary the buffer size and the BER during the Bad state
(P.s). and we tix the BER during the Good state at P, = 107%. We set the mean of
the off period to ten times that of the on period. [n addition. we take the parameters
related to the wireless channel from {63]. We adopt Bose-Chaudhuri-Hocquenghem
(BCH) code [64] for FEC . Since we treat the CRC' code as part of the payload.
the FEC code is applied to 124-bit data units (i.e.. & = 124 bits). Table 1.1 shows
the size. the code rate. and the number of correctable bits of the BC'H code used
in our examples. All simulation results are reported with 93% confidence intervals.
Table 1.2 summarizes the values of the various parameters in the simulations and

numerical examples.

| (n. k) r | e(r)

(-+42.42:4) | 2 10.959

(451,424) | 3 1 0.940
4
5

(160, 21) 0.921
(169, 121) | 5 | 0.904
(478, 124) | 6 | 0.837

TaBLE 4.1. FEC code rate versus number of correctable bits (7) using BCH scheme.

Figure 4.3 shows the PLR as a function of the buffer size using P., = 0.01, 7 = 0, 4.



| Parameter Symbol Value
peak rate r I Mbps (or 2604.1667 packets/sec)
buffer size B 100 — 1000 packets
mean on period l/c 0.02304 sec
mean off period 1/3 0.2304 sec
mean Good channel period 1/ 0.1 sec
mean Bad channel period 1/~ 0.0333 sec
BER in Good channel state P, 10-°
BER in Bad channel state P 107* - 1077

TABLE 4.2. Parameter values used in the simulations and numerical results.

and ¢ = 300 packets/sec. As expected. the PLR increases as the buffer size decreases
and as 7 decreases. [t is observed that the analytic results slightly overestimate the
actual PLR. The gap is negligible over the whole range of buffer sizes.

Figure 4.1 and 1.5 depict the PLR versus the buffer size using two different service
rates ¢ = 700 and Y00 packets/sec (P = 107%. 7 = 0.4). In Figure 4.4, it is observed
that the simulation and analytical results are quite close to each other. As ¢ increases
(Figure -1.5). the analytic results begin to slightly underestimate the PLR. This trend
is shown clearly in Figures 1.6 and 4.7, which depict the PLR as a function of the
service rate ¢ using different buffer sizes and FEC code rates. The deviation of the
analytical results is negligible. given that PLRs in ATM are contrasted in terms of
the orders of magnitude by which they differ.

Figures 1.3, 1.9. and +.10 depict the wireless effective bandwidth computed based
on the results in Section 4.. Only ARQ is used in obtaining these figures. i.e.. 7 = 0.
The case of hybrid ARQ/FEC will be discussed later. These figures depict the ex-
act and approximate values of the wireless effective bandwidth. The exact value
is obtained using all eigenvalues. while the approximate value is obtained based on
the analysis in Section -.4. It is observed from these figures that the wireless effec-
tive bandwidth approximation (based on one eigenvalue) is acceptable for the single

stream case. However. the adequacy of this approximation does not extend to the
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multiplexed-streams case (not shown), as the gap between the exact and approximate
solutions increases with the number of multiplexed streams. This fact has also been
observed in wireline ATM multiplexers [78]. For this reason. we restrict our effective

bandwidth results to the case of a single stream.
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FiGure 4.8. Effective bandwidth versus PLR for a single stream (B = 300. r = 0).

When P, = 10~ and the buffer size is 300 packets. the wireless effective band-
width ranges from 1310 to 1850 packets/sec for a PLR in the range 107" to 107",
Recall that the mean and peak rates of a traffic source are 263.74 and 260-.1667 pack-
ets/sec, respectively. As P, increases. the wireless effective bandwidth gets closer to
the source peak rate. For example, when P, = 10~ and the buffer size is 300 packets.
the wireless effective bandwidth ranges from 1501 and 2216 packets/sec for a PLR
in the range 10~ to 10~". For higher P., values. the wireless effective bandwidth
approximation becomes less efficient, as it approaches the source peak rate.

Figure 4.11 depicts the wireless effective bandwidth as a function of P, for three
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Ficure +.9. Effective bandwidth versus PLR for a single stream (B = 100. 7 = 0).
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Ficure 4.10. Effective bandwidth versus PLR for a single stream (B = 500. r = 0).
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target PLRs using B = 300 packets. Only ARQ is considered in obtaining this figure.
[t is observed that the wireless effective bandwidth increases as P., increases and as
the target PLR decreases. In particular, the wireless effective bandwidth increases
by a noticeable amount when P., goes from 107% to 1072, This is due to the fact
that increasing P, from 1072 to 1072 has a relatively significant effect on the packet
error probability. For example. when P gees from 107 to 107", the packet error
probability increases from 0.004231 to 0.04151. In contrast. when P., goes from 107

to 1072, the packet error probability increases from 0.34357 to 0.9838.
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FiGure 4.11. Effective bandwidth approximation versus P., for a single stream
(B =300. 7 =0).

Figures +.12-4.14 show the approximate wireless effective bandwidth versus the
number of correctable bits 7 for different target PLRs and different BERs. The buffer
size B is fixed at 800 packets. These figures indicate the existence of an “optimal”

code rate at which the allocated bandwidth is minimized for a given target PLR. For
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instance, to provide a target PLR of 107% when P,, = 0.00l. the minimum required
bandwidth is ¢ = 761.9 packets/sec. which is achieved when 7 = | (FEC corrects
only single-bit errors). Since at P, = 0.001 the mean number of bit errors in a
packet is 0.423 < L. the advantage of correcting multiple-bit errors is overshadowed
by the extra FEC bandwidth overhead. Note that the optimal code rate is always
achicved at a nonzero 7. implying that resource allocation for a guaranteed PLR can
always be iniproved using a combined ARQ/FEC approach. [t can be observed from
Figures -1.12-1.11 that the optimal code rate increases with P. For P, = 0.01 and
P., = 0.013. the optimal values of 7 are given by 7 = T and 7 = 10. respectively. The
optimal code rate depends on the channel BERs and the target PLR. This suggests the
need for adaptive FEC to continuously maintain an optimal code rate for a wireless

channel with time-varying characteristics.
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FIGURE 4.12. Effective bandwidth versus 7 for a single stream (P., = 0.001).

Next. we examine the PLR for multiplexed streams based on the results in Sec-
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FIGURE -4.13. Effective bandwidth versus 7 for a single stream (£, = 0.01).

tion -£.3. We consider homogeneous on-off sources with the same target PLR. For
brevity. we report the results for ARQ only (i.e.. 7 = 0). We set Py = 107* and
¢ = 10 Mbps. and we vary the number of multiplexed streams. To test the goodness
of our PLR analysis. which was obtained using the CDE approximation. we compare
it to the exact analysis. given in Appendix B. We also present the results based on two
other approximations: the asymptotic and Binomial approximations. Both approx-
imations rely on the dominant eigenvalue. similar to the CDE approach. However.
theyv differ from it in the estimation of L; the coefficient associated with the domi-
nant eigenvalue. In the asymptotic approximation. the exact value of L. denoted by
L,. is used. which is obtained from the exact analysis in Appendix B. The Binomial
approximation estimates L by L,, which is computed from the binomial distribution:

K R

=7
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Ficure 4.14. Effective bandwidth versus r for a single stream (P, = 0.015).

where J 2 [¢/r]. and w and wy are the steady-state probabilities that a source is in
on and off states. respectively.

Figures 1.15. 4.16. and L. 17 depict the PLR for 40. 30. and 60 multiplexed connec-
tions. respectively. which correspond to traffic loads of 43.6%. 34.5%. and 65.4%. It
is observed that the asymptotic approximation is quite accurate compared with the
exact result. Thus. it can be argued that one eigenvalue is good enough to compute
the PLR for multiplexed streams. As shown in these figures. the difference between
the exact results and both the CDE and Binomial approximations tends to decrease
as N\ increases. Both approximations provide upper bounds on the exact PLR. with
the Binomial approximation being the tighter of the two. Since in our case only ho-
mogeneous on-off sources are considered, the binomial approximation is rather easy
to compute. However. if we consider more general sources, it will incur substantial

numerical complexity.



10° ; ‘ . . — r ‘
3 — Chernoff
af - - Binomial
10 F - - Exact asymptote [
Exact
107} ;
107 1
[)]
g .
w10 & 1
8 ]
-
310° :
[5]
[V
a
-5
10 1
107 1
10° 1
10'9 I i L i i L n I
0 200 400 600 800 1000 1200 1400 1600 1800 2000
Buffer Size

FiGURE 4.15. Packet loss rate for 10 multiplexed streams.

o

o

The three approximations for the PLR are compared in Table -1.3. Under light

load (A" = 10.20.30). we can sce that both the CDE and Binomial approximations

deviate largely from the ideal asymptote. Thus. a better approximation for L is still

needed when A is relatively small.
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FIGURE +.16. Packet loss rate for 50 multiplexed streams.

K L. Ly L. L./L, | Ly/L,
(CDE) (Binomial) | (Asymptotic)
10 | 1.763 x 10~® 1.2 x 10~® 1151 x 10~ |f 413.75 | 10-L.31
20 | 7.667 x 107 | 3440 x 107F | 3.254 x 10~ | 928.92 | 416.83
30 | 3.078 < 1072 [ 1.169 x 1072 | 1.061 x 10~* 76.13 | 39.29
10 0.0361371 0.0185953 0.002747 13.15 6.77
50 0.113547 0.0514114 0.02214 5.13 2.32

60 0.353695 0.107971 0.08951 4.0 1.2

TABLE 4.3. The coefficients L., Ly. L, versus the number of multiplexed connections
R.
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Chapter 5

FrLuiD ANALYSIS OF DELAY PERFORMANCE

5.1 Introduction

The general goals of the underlying work in this chapter are twofold. First. we study
the delay performance over a wireless link and investigate its implication on optimal
bandwidth allocation under delay guarantees. Second. we analyze the packet discard
rate af the receiver under time-constrained retransmissions. This rate is important
for delay-sensitive applications that can tolerate some degree of packet loss but that
require prior quantification of this loss for use in error concealment and video/voice
compression. Qur investigations are carried out for a single stream that is transported
over a time-varying wireless link. [f the link is used to transport more than one
connection. then each connection is guaranteed a constant service rate during its
active period (i.e.. TDMA style). The outcome of packet transmission is determined
by the state of the wireless channel and the error control schemes. This scenario
encompasses point-to-point connections between mobile terminals (MT) and a base
station (BS) in the cellular communication systems.

To achieve our goals. we follow a Huid-based approach whereby the traffic source
is modeled by an on-off fluid process and the channel is modeled by a fluid variant of
Gilbert-Elliott’s model. Using fluid-flow analysis. we compute the delay distribution
for a single stream. which is a function of the traffic source. the service rate. the
wireless channel. and the error control schemes. To obtain the delay distribution
at the transmitter buffer. we first evaluate the queue length distribution taking into
account the channel behavior and the underlying error control schemes. We provide
two alternative approaches for obtaining the delay distribution via the uniformization

and Laplace transform techniques. The two techniques differ in how the accumulative
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amount of service is determined. Numerical aspects of both approaches are compared.
In particular, we derive the closed-form expression for the delay distribution using the
uniformization technique. In addition. we derive the packet discard rate which results
from imposing a limit on the number of transmissions to meet the delay requirement
of the transmitted packet. The analytical results are used to obtain the wireless
effective bandwidth under the delay constraints and to investigate the optimal error
control strategy that minimizes the use of bandwidth while guaranteeing the QoS.
Extensive simulations are conducted to verify the goodness of our analytical results.

The rest of the chapter is organized as follows. Analysis of the delay performance
is provided in Section 5.2. In Section 3.3. the packet discard performance is analyzed.

Numerical results and simulations are reported in Section 3.-.

5.2 Delay Distribution

In tluid queueing models with an error-free channel and constant service rate. e.g..
ATM link. the packet delay distribution can be directly obtained from the queue
length distribution [79]. However. the scenario we consider in this study includes
a time-varyving wireless channel that is being approximated by a two-state Markov
modulated fluid process. [n this case. the packet delay distribution is much more
difficult to obtain since one has to take into account the time-varving service rate as
well as the queue length.

We assume an infinite-capacity buffer. Let D denote the delay experienced by an
arriving packet. Let ('(¢) denote the accumulative amount of service during a period

of length ¢:

C(t) =] /c(s)d.s
0

where ¢(s) is the service rate at the time s. The channel state at time ¢ is denoted

by h(t) € {g,b}, where g and b denote Good and Bad states, respectively. The
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probability that the delay seen by a packet is less than or equal to ¢ is equal to the
probability that C'(¢) is greater than or equal to the queue length (g at the instant

of the packet arrival. Thus. we have

Pr[D <t] = Pr[C(t) > Qu
= / Pr[C'(t) 2 x]i. Qo = |7 (r)dr
1€ES

= -F/ Pr(C,(¢) = x]mp () + Pr[Cy(t) > a]mip(a)de (3.1)

where T' is the throughput. x; is the pdf of the queue length in a state /. : € S, and

Ine

t
C'i(¢t) / c(s)ds given h(0) = ¢, for i € {g.b}.
0

The quantity rr(r)/T represents the fraction of carried low that arrives at the queue

when its content is r. For an infinite-capacity buffer. the throughput 7 is given by:

T =r(wy, + wes)- (5.:

Ut
(I
-

[n order to obtain Pr{C.(t) < rx|. i € {g.h}. we provide two methods: direct
calculation using Laplace transform and uniformization. The equivalence of these

approaches will be verified using numerical examples.

Laplace Transform Approach

For numerical convenience. we transform the random variable C';(¢) to C'i(¢) defined

as:
) A .
C,’(t)=ci(t)-—cbt. L€ {gb}

By this transformation. C(t) is the accumulative service resulting from a “normal-
ized” channel with service rates c,—c, (during Good states) and 0 (during Bad states).

Note that the minimum amount of accumulative service in a period of length ¢ is ¢yt.
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Thus.

A ) if r < cpt
Pr{Ci(t) 2 x| = .
t{Ci(t) = 2] {l—Pr[C'i(f)Sl’—Cbt]» if & > cpt.

The following proposition gives the probabilities Pr{C,(t) > z] and Pr[C(t) > ] by
solving the partial differential equations (PDE) for the consumption rate C'(¢).
Proposition 5.2.1. The probabilities Pr[C'i(t) > x].i € {g.b} when v > et. are

given by

Pr[('g(t) 2 ‘l'] — C‘—di‘ (C—Tr(l—-i‘)‘lu('_) __0 {l t_ .L ” + l (l _ l)))
e O
(O > ] = ;‘“‘E (¢ —
Pr[C(t) > ] ¢ uzo(”!) -['(n + 1.5 r))

where & = (& — cpt)/(c; — cn). Jo(=) is the Bessel function of order O given by

o

Jo(=) =Z (n

and ['(n.z) is the incomplete yarnma function given by:

[(n.z)= / e~Fr" .
0

)) n

Proof. See Appendix .

The equations in the Proposition 5.2.1 is substituted into (3.1) to evaluate the
delay distribution. Numerical complexity of the equations is associated with the
infinite sum in them. We observe that the value of the infinite sum converges fast

with moderate iteration. e.g.. n = 20.

Uniformization Approach

As a second approach to obtaining Pr{C(t) < x]. i € {g.b}. we use the uniformization
approach. In continuous-time Markov chains, uniformization is a technique for uni-

formizing the transition rates between states by introducing transitions from a state
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to itself [30]. This technique facilitates the analysis of the problem in this study.
Refer to [30] for details.
Let ¢, and t, denote the accumulative sojourn times of Good and Bad channel

states during an interval of length ¢, respectively. That is.

t
/ )=y ds
V]
t
/ I{h(.v)zb}ds'
0

Then. the accumulative service ('(t) is given by

ne

Ly

e

ty

Clt) =ty + ety 0< by ty <L (5.3)
Since t = t, + ty. C'(t) can be expressed as
Clty=cpty + ot —1ty) or Ct) =yt — ) + eyl (5.4)

[n Appendix D. we provide the probability distribution of ¢, and ¢, conditioned on
the channel state. Then. the probability Pr[C(¢t) > z]. ¢ € {g.b} can be directly

obtained from (5.4).

Proposition 5.2.2. The probabilities Pr[C,(t) > x| and Pr[Cy(t) > r] are given by

n

. o= (08)" . v\ k-1
PO, 2 o] = L= et 3L S (k'_' 1) () 3 () V(L= )"(5.5)
n=1 T k=t 3

=k
and
N —(54~ )t = (Alt)n - n 4 I n n—t r o=
PrCut) 2 o =71y =D (Z ) 5) X))V = 66
n=1 T k=l i=k N
wherE\z‘:—;“i?:T.

Proof. See Appendix D.
The equations in Proposition 5.2.2 also have numerical issues due to the presence

of multiple sums. The triple sums in the equations cause significant complexity.
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However. observing the duplicate computation in the last sum for consecutive indexes
k's. we can save the computation time. Figure 5.1 shows numerical examples for the
equations in Proposition 5.2.1 and 3.2.2. This example is for the service rate ¢ = 1000
(packets/sec). t = 0.5. 1.0 (sec). and other parameters taken from the default values

in Table 5.1. The exact match is observed over the range of values.
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FIGURE 5.1. Accumulative service distribution based on uniformization and Laplace

transform approaches.

Up to this point. we have discussed the alternative approaches to obtaining the
probability Pr[C(t) > z].i € {g.b}. In the following. the results from Proposition
5.2.2 are used to obtain the delay distribution. The following Proposition gives the

closed-form expression for delay distribution by substituting (5.5) and (5.6) into (3.1).
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Proposition 5.2.3.

_r L - S Uk
Pr(D < t] = Z(Muy(eyt) + Mis(est)) — e Z_j I
. n g k-1 . Iept . )
Z P (3) Z(cy—c;,)tz:ale O(i+ Lin+ 2 z(c, — )t)
k=1 i=k ]
S n -\ k-1
r i (- )" n )
IR O ST AR AL -
T nz_l(rl-i-l)!kz_‘:(k—I) ()
. Z(CU — ¢yt Zu,,le"""“'(b(n =i+ lin+2z,(c, —a)t) (3.7)
=k m
where 7y, () = Y qet, mip(a) = Y ame™ . the inderes l.m are used to inder

the negative eigenvalues, and
A = () *
O(r:y:z) = E ( v

with («), = wa+ 1) (a+n—1).

Proof. Refer to Appendix L.

Since Equation (3.7) has similar numerical structure as the expressions in Propo-
sition 3.2.2. we can save the computation time by avoiding the duplicate sum as men-
tioned previously. We also obtained the delay distribution using Proposition 5.2.1.
However. it generated the multiple sums and is not advantageous over the uniformiza-
tion approach. Thus. we use numerical integration to obtain the delay distribution
for Proposition 5.2.1. Most numerical results in Section 3.4 are based on Proposi-
tion 5.2.3 whereas the numerical integration using Proposition 5.2.1 is also used to

verify the accuracy.

Wireless Effective Bandwidth

The notion of effective bandwidth has been employed to achieve efficient provisioning
of QoS guarantees in ATM networks [68]. In this study. we extend the notion for a

wireless connection under probabilistic delay constraints.
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We defined the wireless effective bandwidth c., under the delay constraint Pr[delay >

t] =< by

[

o 2 min{c|c satisfles Pr[delay > ¢] = ¢} (5.

ot
(v 4]
=

where ¢ is the service rate. In contrast to wireline effective bandwidth. the wireless
effective bandwidth is configured along with the optimal number of correctable bits
which minimizes the use of bandwidth while providing the requested reliability at the
physical link. In Section 35.t. we provide the numerical examples on this issue and

investigate the characteristic of the pair of QoS parameters (c,s. 7) in detail.

5.3 Packet Discard Rate

[n the scenario we consider. a packet is discarded when the number ol transmissions
reaches its maximum limit .N;. Such a limit is determined based on the due-date
(delay requirement) of the transmitted packet. Let p(n]i) denote the probability of n
consecutive transmission failures given that the channel state is ¢ at the first attempt
of packet transmission. where ¢ € {g.b}. Observing the recursive structure between

the consecutive transmissions. we obtain the following relation

p(nlg) = pln—Lg)Py(E)P., + p(n — L|b)P,s() P.,
p(n|b) = p(n = Lg)Pog(£)Poy + pln — L[b) Pos(f) Pes

where P;,(f).i.j € {g.b} is the probability that the channel state changes from i to
j in time {. The quantity ¢ here corresponds to the turnaround time of the packet
transmission. The right-hand side of the first equation accounts for the events of
the first transmission failure at Good channel state followed by n — | consecutive
transmission failures after the channel transition into Good and Bad, respectively.
The second equation can be explained in a similar way except that the initial channel

state is Bad.
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Rearranging the previous equations in a matrix form. we have

[p(nlg)] _ [Pg.g(t:)Pc.g Pg.b(t:)Pc.g] [p(n - 1|g)]
p(n]b) Boy(t)Pep  Pop(t)Pes| | p(n — 1]b)

with the initial condition
[p( 1|g)] _ [Pes

The probabilities P., and P,.; are given in (3.1).
Solving the previous equations recursively, we obtain the packet discarding rate

(p4) under the limit on the retransmission (.V;):

= [tb li’] Py'g(t:)P“"” P”'b(t:)Pc'y A P.y
P4 q b Pb,g(t ) Pc.b P’).b(t)P,;,b Pc.b

where w, and w0 are the steady-state probabilities that the channel state is Good and

(5.9)

Bad. respectively. as seen by the packet at HOL in its first attempt of transmission:

Ww; Pr[the channel state is i seen by a packet at HOL] (5.10)

= the fraction of flow drained at channel state ;. (3.11)

The probability w«; is different from w;. and it plays an important role in estimating
the packet drop rate as will be discussed later.

Since the flow drains continuously as long as the queue is non-empty. the fraction
of tlow drained at channel state . i € {g.b} corresponds to the probability that the
queue is non-empty multiplied by a fraction of the service rate over the throughput.

Thus. we obtain

@y = Aoy = oy(0) + wy = M1,y(0)) (5.12)
0y = %(ww ~ Tos(0) + wip — ,4(0)). (5.13)

And. P (t). i.j € {g.b} can be obtained by using Kolmogorov's equation [30].

Thus. we have

Pyy(t) = ﬁ + %e-(ﬂw)t
Boalt) = 5i5 + e T (5.14)
Pg,b(t) = l — Pg,g(t) R

Pog(t) = 1= Pyp(t).
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Substituting the expressions in (3.13) and (5.14) into (5.9). we obtain the packet

discard rate p, expressed in a closed form:
Proposition 5.3.1.

pie = “:'ch.g(ao+al(Py,g([)Pc.y+Py.b([)Pc,b))

+is Pop{aa(l + Poy (D) Pey) + a1 Pos({) Pes) (5.15]
where
N1 — A
= = 5.16
ARG W
) = '_\IT— (')l l)
and N\ is the elgenvalues of the square matric in (3.9). That is,
\l _ Pg.y([)Pc.y + P’).b([)Pc.b
Al = 3
s \/(Pg,y(i)PL.'g + PoslD)Pes)? + (1 = Pyy(f) = Pos(£)) Py P )
X 5.138

)

Proof. By matrix diagonalization. the powers of the square matrix in (3.9) are

calculated. The proof is omitted.

5.4 Numerical Results and Discussion

[n this section. we present numerical examples of our analytical results. We verify
the adequacy of these results by contrasting them against more realistic simulations.

Similar to the analysis. the simulation results are obtained using on-off traffic
sources with exponentially distributed on and off periods. The ARQ retransmission
process is simulated in a more realistic manner, whereby a packet is transmitted
repeatedly until it is received with no errors or until it reaches the limit on the

number of transmissions. The probability of a packet error is computed from (3.1)
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for both channel states. Transitions between Good and Bad states are assumed to
occur only at the beginning of a packet transmission slot. A packet is retransmitted if
it has uncorrectable errors. It is assumed that the propagation delay is small. so that
the ACK/NAK message for a packet is received at the sender before the next attempt
of transmission. Finally. we use an infinite-capacity buffer in our simulations.

In our experiments, we vary the BER during the Bad state (P,;). and we fix the
BER during the Good state at P, = 107°. We set the mean of the off period to
ten times that of the on period. In addition. we take the parameters related to the
wireless channel from [63]. We adopt Bose-Chaudhuri-Hocquenghem (BCH) code [6-]
for FEC' . We consider fixed packet sizes. e.g.. ATM cell. Since we treat the CRC
code as part of the payload. the FEC code is applied to 424-bit blocks (i.e.. & = 124
bits). Table 4.1 shows the size. the code rate. and the number of correctable bits of
the BCH code used in our examples. All simulation results are reported with %5%.
confidence intervals. For the delay distribution. 107 to  x 107 samples were needed
in the simulations. Table 5.1 summarizes the values of the various parameters in the
simulations and numerical examples. For the parameters ¢. Ps. 7. and N}, the values

in the parenthesis are assumed unless specified otherwise.

| Parameter | Symbol Value |
source peak rate r L Mbps (or 2604.1667 packets/sec)
service rate ¢ 100 — 3000 (packets/sec) (1000)
mean on period l/a 0.02304 sec
mean off period 1/3 0.2304 sec
mean Good channel period 1/o 0.1 sec
mean Bad channel period L/~ 0.0333 sec
BER in Good channel state | P, 10-°
BER in Bad channel state Py 1072 = 10™° (107*)
number of correctable bits T 0-—20(7)
limit on transmissions N | — o0 (20)

TABLE 5.1. Parameter values used in the simulations and numerical results.

Figure 5.2 depicts the complementary cumulative distribution for delay Pr[delay >
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t]. We vary the service rates (c¢) from 800 to 1200 (packets/sec) while fixing other

parameters. P, = 10727 = 7, and .V; = 2. The difference between the analytical
and simulation results is negligible for all service rates. We observe a slight deviation
at the tail part of the distribution. However, it is associated with the number of
samples taken from the simulation. For ¢ = 1200. we generated 4 x 107 packets to
obtain the shown results. Note that the simulation is based on the realistic scenario in
which the packet is transmitted until it is successfully transmitted or until it reaches
the limit on the retransmission. whereas the analytical results are based on the fluid

analysis.
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Ficure 5.2. Complementary delay distribution for different service rates.

Figure 3.3 shows the complementary delay distribution for different values of
(number of correctable bits). The error correction capability increases from r = 0
(ARQ) to r = 7. For all 7’s. the analytical and simulation results match well. This

figure indicates the use of FEC improves the transport performance over wireless links
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despite its overhead. This issue will be discussed later in detail.
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FiIGURE 5.3. Complementary delay distribution for different values of 7.

Figure 3. shows the complementary delay distribution as a function of the limit on
the number of transmissions (.V;). As discussed earlier. such a limit is needed to satistv
the due-date of the transmitted packet. For .V; = 1.6. and 60. a highly acceptable
agreement is observed between the analytical and simulation results. Note that our
delay analysis does not take into account the loss due to the packet discard. assuming
a very small discard rate such as much less than 0.0l, whereas it is captured in the
queue length distribution. However. even the case of the limit .V, = L. corresponding
to the packet discard rate p; = 0.0298. shows a good estimation of our analysis. As
shown in the figure, the delay distribution varies significantly for different :N;'s. This
indicates the usefulness of :V; as a control parameter for satisfving the delay and loss
requirements simultaneously since it can play a role of a trade-off parameter between

them.
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FiIGURE 3.-. Complementary delay distribution for different values of .V;.

Figure 5.5 shows the effective bandwidth as a function of the number of correctable
bits (7) for the three target delay constraints Pr[delay > 0.01] = 0.01.0.05.0.1.
Expectedly. more bandwidth is needed as a higher quality (or less Pr[delay > 0.01])
is required. In particular. we observe that much higher bandwidth is required when
only ARQ (7 = 0) is used as an error control scheme. Thus. the appropriate use of
FEC is essential in an efficient use of scarce wireless bandwidth. [n addition. this
figure clearly indicates that there is an optimal 7 (7 = 7 in this example) for a given
BER P., = 0.01. which satisfies a delay QoS constraint while minimizing the use of
bandwidth.

The optimal number of correctable bits as a function of the BER in Bad channel
state is shown in Fig. 5.6. The target delay constraint is fixed to Pr[delay > 0.01] =
0.25. We vary the BER from P, = 0.001 to P., = 0.0138. For each BER. we observe

the optimal number of correctable bits exists. To better pictorial view, we provide
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FIGure 5.7. Effective bandwidth versus BER's (P.;) and 7's.

duced due to the packet error and FEC. the principle in wireline effective bandwidth
cannot be thus applied to the wireless case. Another interesting facts observed in
this figure is associated with the shape of the curves with decreasing Pr{delay > t].
C'onsider the case of t = 0.001. To improve the QoS from Pr[delay > 0.001] = 1.0 to
Pr{delay > 0.001] = 0.3. we need to assign an extra bandwidth 1950.0 (packets/sec).
whereas we need 143.0 (packets/sec) for ¢ = 0.1. That is. the behavior of the effective
bandwidth depends on the selection of ¢ as well as the constraint Pr[delay > ¢].
Figure 5.9 shows the packet discard rate as a function of the limit on the number
of transmissions (.V;) for different +'s. The value 1/v is the mean period of Bad
channel state. Thus. ¥ = 30 and 5 = 100 corresponds to the period of 0.0333 and
0.01 (sec). Over the whole range of .V, we observe the slight deviation between the
analytical and simulation results. The main source of the deviation results from the
estimation on @, and . Our analytical estimation based on fluid analysis tends to

overestimate slightly w, when compared to w, based on the packet-based simulation.









110

Chapter 6

DISCRETE-TIME ANALYSIS OF DELAY PERFORMANCE

6.1 Introduction

Automatic repeat request (ARQ) protocols are used to provide reliable data transfer
in wireless communications. [n these protocols. the transmitter sends a packet that
consists of payload bits and error detection code. The receiver checks the integrity of
the packet by decoding the error detection code. Depending on the outcome of the
decoder. a positive acknowledgment (ACK) or a negative acknowledgment (NACK)
is sent back to the sender. The sender retransmits the packet upon the receipt of the
NACK message. whereas it transmits a new packet if an ACK is received.

In general. ARQ protocols are variants of three basic schemes: stop-and-wait
(SW). go-back-N (GBN). and selective-repeat (SR). In SW ARQ. the transmitter
must receive the ACK of a packet before transmitting the next packet. This scheme
preserves the order of packets but it results in low channel utilization if the feedback
delay is large. In GBN ARQ. packets are transmitted continuously without waiting
for ACKs/NACKs. [fa NACK is received. the transmitter retransmits the negatively
acknowledged packet and all subsequent packets regardless of their acknowledgments.
[n SR ARQ, packets are transmitted continuously as in GBN ARQ. but only neg-
atively acknowledged packets are retransmitted. Of the three schemes. SR ARQ
achieves the highest throughput. Note that as the round-trip time (RTT) of a packet
goes to zero. SR ARQ and SW ARQ become identical; a situation that is referred to
as ideal SR ARQ [31. 82].

[n this chapter. we consider a wireless link protocol that provides sequential deliv-
ery of packets and that uses SR ARQ for error control. An example of this protocol is

used in wireless asynchronous transfer mode (WATM) networks [5]. In such a proto-
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FIGURE 6.1. Packet transmission over a wireless link with in-sequence delivery.

Feadback

col. the transmitter assigns each packet a unique identifier (see Fig. 6.1). Packets are
transmitted according to their identifiers. A copy of each transmitted packet is tem-
porarily kept in a “waiting buffer” until the ACK message of that packet is received.
[fa NACK is received. it triggers a retransmission of the erroneous packet. Once an
ACK is received. the packet is removed from the waiting buffer and a new packet is
transmitted. Although the transmitter sends packets in order. packets at the receiver
may be out of sequence due to the random occurrence of packet transmission errors.
Thus. correctly received packets with higher identifiers must wait in a buffer (called
rescquencing buffer) until packets with lower identifiers are correctly received.

Fig. 6.2 describes all the delay components that a packet undergoes when trans-
ported over a wireless link. The total delay consists of transport and resequencing
delays. The transport delay is subdivided into queueing and transmission delays.
The queueing delay is the duration from the time a packet arrives at the transmitting
node until its first transmission attempt. The transmission delay is defined as the
time from a packet’s first transmission until its successful arrival at the receiver (i.e..
it includes all retransmission delays). The resequencing delay is defined as the waiting

time of the packet in the resequencing buffer.
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FIGURE 6.2. Time diagram for packet transmission process.
Related Work

Several previous studies have been conducted on the delay performance of SR ARQ
over a wireless channel. I[n [83] Konheim derived the PGFs for the transport delay
and the queue length in go-back-N (GBN) and SR ARQ protocols assuming a renewal
tratfic source and a “static” radio channel (i.e.. errors are independent with a constant
error rate). He considered the queueing system at the transmitter side of the wireless
link where a packet is successfully transmitted with the probability ¢ and a feedback
message is delivered .V slots after the packet transmission. In his study. the state of

the system at time n is described by .V + | variables.
( Ln- {"'n.l- [-Vn.‘.’- Tt {-"n..\’)

where L, is the number of packets in the queue at time n and [',; denotes whether
the packet is transmitted at time (n — ¢). that is.

r 1. if the packet was transmitted at time (n —¢)
‘nag =

0. otherwise.
The state vector was used to develop the PGF for the queue length and an algorith-
mic solution was obtained using the PGF. However, the complexity of his approach
increases exponentially with the feedback delay.
An alternative exact analysis of the delay performance for SR ARQ was provided

by Anagnostou and Protonotarios [84]. They proposed two methods. In the first
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one. the system was modeled by a discrete time Markov process and the resulting
equations were solved iteratively. For the special case of a Bernoulli renewal process.
simple expressions of steady-state probabilities were obtained. But similar to [83],
the computational complexity of this analysis grows rapidly with the the feedback
delay and becomes quite prohibitive for moderate feedback delays. In the second ap-
proach. the authors proposed the ideal SR ARQ approximation. i.c.. the dependence
between the queueing process and the history of the transmission process is ignored.
This approximation can be useful for the evaluation of system with large feedback
delay. where the complexity of the exact method is prohibitive. The ideal SR ARQ
approximation was also used by Fantacci to analyze the delay performance under a
Bernoulli arrival process and a time-varying radio channel [31].

Under SR ARQ. the packets may be delivered to the receiver out of sequence. [f
the packets should be passed in sequence. the receiver store them in the resequencing
buffer. The size of resequencing buffer and the resulting packet delay constitutes
major factors in the end-to-end performance.

Rosherg and Shacham analyzed the resequencing delay and buffer occupancy at
the resequencing buffer assuming heavy-traffic conditions and a static radio chan-
nel [85]. The system state is described by the process {X(t).t = 1.2.---} where
Xi(t) denotes the identifier of the packet transmitted during window ¢. By observing
the behavior of the identifiers between consecutive windows. they derived the mean
buffer size and mead resequencing delay. Rosberg and Sidi [36] analyzed the joint dis-
tribution of buffer occupancy at the transmitter and receiver. and derived the mean
transmission and resequencing delays assuming a renewal arrival process and a static
channel. Schachum and Towsley investigated the buffer occupancy and resequencing
delay in a wireless environment in which a single transmitter and multiple receivers

communicate. assuming heavy-traffic conditions and a static channel [37].
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Contributions

The previous works were conducted using overly simplifving assumptions on the in-
coming traffic (e.g.. Bernoulli arrival process). the channel errors (e.g.. static channel
model). or both. As shown in this study. such simplifications can lead to significantly
underestimating the delay performance. Accordingly. we provide refined analysis of
the mean transport delay that accounts for traffic correlations and for the time-varying
channel behavior. Correlations are known to exist in all types of network traffic. and
their profound impact on the queueing performance has been widely reported in the
context of wireline networks [338. 39. 90. 91. 92]. We show that such impact extends
to the wireless environment. where the mean transport delay is seen to rise rapidly
with traffic burstiness and with the channel error rate. In the wireless case. the
delay is also impacted by the error behavior of the channel. More specifically. we
show that the use of a time-varying error model can result in a notable increase in
the mean transport delay. Relaxing the traditional assumptions on the source and
channel models enables us to provide accurate predictions of the delay performance.
which can be used in efficient resource allocation and admission control subject to
guaranteed delay performance.

We capture the time-varyving nature of the channel via a two-state Gilbert-Elliot
(GE) model. To account for traffic correlations. we represent the arrival process by
an .N-state Markov process. where .V > 2. Of particular interest here is the case of
.V = 2 as it represents the common on-off behavior of network traffic. Markovian pro-
cesses have been extensively used in wired networks to characterize various types of
traffic (see [93] for details). While other. non-Markovian classes of models. including
self-similar (e.g.. [94. 90. 95]) and subexponential models (e.g., [96]). have also been
proposed as a means of capturing the persistent correlations in network traffic. the
jury is still out on whether such models provide better traffic characterization than

conventional Markovian models [97. 98, 99]. In fact. resource allocation in wired net-
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works is still being carried out under the assumption of Markovian models. Given the
popularity. tractability. and widespread use of Markov models in teletraffic studies.
we made them the basis for our analysis.

In order to obtain the mean queueing delay. we simplify the analysis by elimi-
nating the dependence between the queueing process and the history of the packet
transmission process. This so-called ideal SR ARQ approximation. which was also
used in [31. 34] under a Bernoulli arrival process. becomes exact as the feedback delay
approaches zero. We derive the exact probability generating function (PGF) for the
ideal SR ARQ and obtain the mean queueing delay using Little’s law. The mean
transmission delay is easily obtained since it only depends on the channel parameters
and the RTT. We also derive an approximate expression for the mean resequencing
delay. The goodness of our approximate results is verified by contrasting them against
more realistic simulation results. Through numerical examples. we study the effects
of key system parameters on the various delay components. providing insight on some
of their interesting interactions.

The rest of the chapter is organized as follows. [n Section 6.2 we analyze the
queueing and transmission delays. The mean resequencing delay is studied in Sec-

tion 6.3. Numerical results and discussion are given in Section 6.t

6.2 Queueing and Transmission Delays

[n this section. we analyze the queueing and transmission delays over a wireless link
assuming a Markovian source and a time-varying wireless channel. Consider the
queueing system at the transmitter side of the link. The arrival process is .V-state
Markovian that is governed by a transition probability matrix P, where at each state
i, i =0.---.N. i packets are generated in one time slot. Our model is based on
an embedded Markov chain in which the number of packets in the queue is observed

at the beginning of each time slot. just before the arrival of a new packet or of an
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ACK/NACK message. We assume ACK/NACK messages are always error free. This
common assumption is justified by the fact that these important messages are often
protected by FEC [31]. The wireless channel is characterized by the GE model. in
which the channel alternates between Good and Bad states with corresponding bit
error probabilities P, and P.;. respectively (see Fig. 6.3). [t is assumed that state
transitions occur at the end of time slots. where a time slot corresponds to a packet
transmission time. Since this time is very small compared to the sojourn time of a
channel state. the inaccuracy due to our assumption is negligible. The packet error

probabilities during Good and Bad channel states are given by:

€y = l_(l_R:g)L (()].)
ep = L= (l=Py)t (6.2)
for a packet size of L bits.
For Packet
o0 ‘1 Rae —
(e Cous —

Good Bad Good Bad Good time

FiGURE 6.3. Wireless channel model.

At time £, the feedback message that arrives at the transmitter is for a packet
that was transmitted at time t — s, where s is the feedback delay. However. for
simplicity we assume that this feedback message has the same probabilistic nature as
the feedback message associated with the packet to be transmitted at time ¢. i.e.. as
if the feedback delay is zero. This so-called ideal SR ARQ approximation was also
used in [84. 31] to study the delay performance under a Bernoulli arrival process.
Note that this approximation does not mean the feedback delay is ignored. but that
its impact on the queueing process is not incorporated.

First. we derive the PGF for the queue length in the ideal SR ARQ case. We
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assume that packets are served on a FCFS basis and that the buffer capacity is

infinite. Key notations are summarized as follows:

a(k): Number of new arrivals during the Ath slot.
r(k):  Channel state at the beginning of the Ath slot.
¢i;(k): Queue length at the beginning of the kth slot when the source is in state ¢
and the channel is in state j.
P:  Transition probability matrix for the arrival process at the transmitter.
Transition probability matrix for the process that describes the state of

the radio channel.
The elements of P = [p;,] and R = [r;] are defined as follows:

pi, 2 Prlatk+)=j]ak)=i. 0<ij<VN

L Pefrth+1)=j|rk)=4d]. i.je{0.1}

I'ig
where states 0 and | denote Good and Bad channel states. respectively.

The size of the queue at the beginning of slot k is a function of its size at the
previous slot. the number of new arrivals. and the state of the feedback message.
Thus. the queue size at the beginning of the (& + L)th slot is obtained as follows: If
q..(k) + a(k) > 0. then
+ i — 1, with probability p;;- (L —€;)-r;,

qi. (k)
) ) qijlk)+ with probability pi;-€; - r;,; .
sk +1) = gin—;(k) + ! — L. with probability p;;- (1 —e-;) - ri—,,; (6.3)
gii—j(k) + with probability p;; - e ri_;.
And if ¢..(k) + a(k) = 0. then
qj(k+1)=0. with probability po;- (rj; + ri-,;) (6.4)

where 0 < i,/ < N and 0 € j < L. In (6.3), the last two cases correspond to the

state of the radio channel going from 1 — j to j, whereas no transition occurs in the
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other two cases. Furthermore, the first and third cases correspond to a successful
packet transmission, whereas in the other cases the transmitted packet is in error.

The steady state probability ¢; ;[r] is defined as:

q,-,j[n] é klﬂrt P[‘[([,’.J'(fc) B fl].

From (6.3) and (6.4). the state balance equation is obtained as follows:
[fn>0.

min(.V.n+1)

qi._/[”] = Z ("j._;éjpl.i(ll._/[” - l+ l] + ’.].ch]pl.x‘(l.][’l -1 + l])
=0
min(.V,n)
+ Z r, € PLiqen -+ r;'jcj—pl_iqu[n - 1)) (6.9)

where & denotes | — r.
And. it n = 0.

min(.V.n+1)

q.,n] = Z (r,,€ €;pqiyn =1+ 1]+ r';_léj-p,.,q,.j[n —-1+1))
=

0
+P0 l( ([OJ[ ] V "_}.J‘ID.] [0]) (66)
The following proposition gives an expression for the PGFE of the queue length.

Proposition 6.2.1. Let Q, (=) denote the PGF of the queue length when the source
is in state | and the channel is in state j. Then,
Q) = (1~ PTdiagl=] o RTE(:)] (P dinls| R“[I E(=)]Qo

= Z[PT(ILG_] 12 RTE(:)]* I [E(z)™" - I))Qu. (6.7)

=0
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where
Q(=) é [QO.U(:)~QU.[(:)~Q1,U(:)~QLI(:)~"' ~Q.\'.u(3)-QN,1(3)]T
Q=) 2 (Qro(=) Qu(:)]T. [=0.1..... N
E(:) 2 diag[no(=). m(2)]
n,(z) 2 e;+€e:7h j=0.1

e

diag{l. z. %+ 2]

Proof: See Appendix G.

Let Q(=) 2 zw Qi (=) be the PG of the queue length. In (6.7). Qo contains
the unknown terms ¢uo[0] and ¢y, [0]. Since for a stable system Q(z) is analytic in
a closed unit disk. these unknown terms can be obtained by finding all the poles
of Q(z) in a closed unit disk [100]. The following diagonalization of the matrix

P'diag[='] = RTE(z) may facilitate finding these poles:
PTdiag[:‘] SRIE(z) = G(2)\(2)G7Y(2) (6.3)

where \(z) = diag[\o(=). \((2).- . \avsi(5)]. Foreach \(z). I =0.1.--+ 2V + 1.
let gi(=) and hy(z) denote the respective left column and right row eigenvectors of

(6.8). The matrices G(z) and G™!(z) are given by:
g

G( [90(5)~,.‘]1(3)-"‘ ~".w+1(~')]

[ho(=)s hy(=). - hawar(2)]T.

)
G™'(z)

0
il

e

By spectral decomposition. we obtain:

. 2N +1
PTdiag[-'] @ RTE(z) = Z MN(2)gilz)hi(2).

=0
Each eigenvalue and eigenvector in the right-hand side (RHS) of the previous equation

can be obtained by using properties of Kronecker products. An example for an on-off
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source is shown in Appendix F. Using the previous equation. we can simplify (6.7)

into:

o

Q(z) = Y _[PTdiag[z] o RTE(:)* I E(z)™" - TQq
=0
N ANV+1

= YD AT B(2) T - TQy

=0 =v

2N+1 \(~)
= ) A TR~ —
= 2 keI EE) T -1

=0

Substituting Qy into the previous equation. we obtain:

Q(z) = '-’ii“‘ )il_/l (/1,0 (2) L_LU(:—)([U ol0] + hi(2)
[ — \ il 7]0(:) K ¢

1=0 (=0

L — (=)
).

Let A(z) denote the characteristic function of the system:

2N+1

92 JTa- N (6.9)
1=0

The poles of Q(=) are equal to the roots of this characteristic function. We need to
determine the unknown variables goo[0] and ¢o1[0]. First. since Q(z) is analytic for

each root z,. |z;] < L. we can set up the following boundary equation:

- i 1
o =) =G 0] + (=) =2 oy = 0 (6.10)
UO(*:) ,,l(~z)

Secondly. we use the relation:
[inllQ(:)= L. (6.11)

By solving (6.10) and (6.11). one can determine the values of the unknown variables
qo.0[0] and qo,1{0], which completes the solution for Q(z). Thus, the mean queue length

q is given by

q=Q'(1). (6.12)
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Using Little’s law. we obtain the mean queueing delay d for the ideal SR ARQ sce-
nario:

d=— (6.13)

where p, is the mean arrival rate.
To obtain the transmission delay. we use the results in {101}, where the mean

number of transmission attempts per correctly received packet n was given by
n=1+U(I-S)"'V (6.14)

where U, = [l 1]. The vector S and V are given by:

I'(S)EU !‘( &("0
0.0 1.0¢ -
S = 03) ) (6.15)
,.U.lcl "1 1€
Tro€ .
V = ro€o (6.16)
w16

ped -(5)
where r;”

corresponds to the (¢, j)th element of the s-step transition matrix R. and
7.0 and 7.y are the steady-state probabilities that the channel is in Good and Bad

states. respectively. Accordingly. the mean transmission delay is given by sn —

Wk

(2 is subtracted because the time to deliver an ACK to the transmitter does not

contribute to the transmission delay). Combining the queueing delay in (6.13) and

the transmission delay. we obtain the normalized mean transport delay T':

T =d+si— (6.17)

SR A

Using Little’s law. we obtain the tota/ mean number of packets at the transmitter for
the SR ARQ with non-zero feedback delay (which includes packets in the source and

waiting buffers):

Elq]l = ¢+ snps. (6.18)



6.3 Resequencing Delay

[n this section. we give an approximate analysis of the mean resequencing delay
under heavy traffic. i.e.. packets are always supplied. This assumption has also
been used in previous studies [85. 87|, but for a static channel. We adapt the
analytical approach in [83]. which assumes i.i.d. packet error probabilities. to the
underlying case where packet errors are correlated in a Markovian manner. Let
X(t) 2

during window ¢. We assume that packet identifiers are numbered in an increasing

(XL (). Xa(t).--- . X,(t)) denote the set of identifiers for packets transmitted

order. This assumption slightly affects the accuracy of our analytical results since
the packet error probability is dependent on the location of a slot. However. the
inaccuracy caused by this assumption is negligible in most practical situations except
when the sojourn time of a channel state is very small relative to the window size (or
the feedback delay).

The process {X(¢).t = 1.2.---} governs the evolution of the occupancy of the

resequencing buffer. Let D;(¢) and W, (¢) be defined as follows:

Di(t) 2 Xip(8) = Xu(8). i=1.2.- s (6.19)
Wy(t) = D Dit). j=L2 s (6.20)
i=]

with Dy(t) £ 1. Asan example. let X(1) = (1.2.3.4.5.6.7.8) and s = 8. [f transmis-
sions of packets 2,1.5. and 6 fail. then X(2) = (2.4.5.6.9.10,11.12). Again. if trans-
mission of the packet 4.5.9,.10. and 12 fail. then X(3) = (4.5.9.10. 12. 13, I 15).
The corresponding D;(t) and Wi(¢) in this example are given in Table 6.1. The size
of the resequencing buffer at windows 1,2, and 3 is 0. 3. and . respectively. Rosberg

and Shacham [35] observed that the buffer occupancy at window ¢. B(t). is given by:
B(t) = Wi(t) — s. (6.21)

Furthermore, they observed that the system state W,_;(¢). t 2 |, 1 < i< s—11s
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TaBLE 6.1. Example showing the evolution of the occupancy of the resequencing
buffer.

governed by the following:
o [f there are fewer than s — i NACKSs during window ¢, then W,_,(t+1) =+ L.

o [fthere are s — i + ! NACRKs. 0 < [ < /. and if the (s — {)th NACK is for the

packet Ni(£). s — i < k < s —1L then W,_;(f + 1) = Wi(t) + (i = 1).

[n the following. we extend the previous analysis to the case of GE channel model.
First. let W2(t) and W)(¢) denote the value defined in (6.20) given that the state of
the radio channel just before the beginning of window ¢ — 1 is Good (¢) and Bad (b).

respectively. The distribution of W7 (¢t + 1) is given by:

" i+ L with probabilitnyn;’:l p(s.ng) -
Walt 1) = { Welt) + (i = 1).  with probability Py (i. k. 1) (6.22)
where
s—{
Py = Y _(p(k = 1.s—i—Lglg)(raseop(s = k.llg) + ro.erp(s = k.1[b))
k=g~

+p(k — Los —i = Lblg)(rioeop(s — k. llg) + riseip(s — k. []b)).

[n the previous equation. p(n. k|r;) denotes the probability of & unsuccessful trans-

missions in n consecutive slots given that the channel state at the beginning of a
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window is ry. Similarly, p(n, k.ri|r;) denotes the probability of & unsuccessful trans-
missions in n consecutive slots and the channel state in the last slot is ry given that
the channel state just before the start of a window is ry. In a similar way to the case

of W2 ,(t + 1). the distribution of W?_;(¢ + 1) is given by:

b i+l with probability 3"37~! p(s. m|b) .
Woilt+ 1) = { Wolt)+ (i —0). with probabilityPra(i. k. 1) (6.23)
where
5=l
Pyt k. ) = Z (p(h = L.s == L.g|b)(roceop(s — k. l|g) + roaerp(s — k. [|b))
k=s—i

+plk = Los =i = Lbb)(rigeop(s — k. l|g) + rigep(s — k. 1]b)).

Letting ¢ — >c. we obtain the steady-state probabilities for W,_,(¢) and W7/_,(¢t).

where j = ¢.b:

PrlV,_, = k] 2 lim Pr(IV, (1) = k] (6.2:4)

Pe[W7/_ =k 2 lim Pe(W2_ () = k], (6.25)
Let W,_i(z) be the PGF of W,_,. An expression for this PGI is given below.

Proposition 6.3.1.

$—i—1
We_i(z) = Z [OP[s. m]Uz*!
m=0
i s=1
+3° 3 0Pk - Ls — i = UREP[s — k. JUW(2)="". (6.26)

=0 k=s—t

where I is the steady-state probability vector of the radio state. i.e.. [1 = [m,o.7041].

U = [l 1", E = diagleg. €], and

12 [ pln.k.glg) p(n.k.blg)
Pln. k] = [ p(n.k.gl6) pln.k.blb) |



Proof: See Appendix H.
Exploiting the recursive structure of P[n.k]. we arrive at the following difference

equation:

Pln.k] = REP[n — 1.k] + REP[n — L.k — ] (6.:

(8]
=1

with the boundary conditions

P.0] = I
Pkl = O.ifn<korn. k<.

where E = diag[éy. €;]. The solution to (6.27) is obtained recursively for various

values of n and k. To obtain the mean buffer size. we differentiate (6.26) with respect

to = and evaluate at = = |. Let u,_, be defined as:
{ 'J._" =)
Hs—: 'A—‘ L(_) I::l . (().28)
d=
Thus. we have
¢ 3={
fome = (0 DA+ 30 ST = Dfalick 1) + falic k. D) (6.29)
=0 k=3~
where
s—=i—1
fild) = Z [IP[s.m]U
m=0

falik D) = TPk ~1.s—i— IJREP[s — k.[JU.

Arranging the previous equation. we obtain for | <: < s —1[:

4+ DA+ S T i fg(i.’k.l)(i )+ falies =i (i =)
L= S0y falies — il

and g, = 1. Accordingly. u, is obtained recursively from p,_; with the initial condition

Hs—: =

is = L. The mean buffer occupancy is gy —s. Using Little's law. we obtain the mean
resequencing delay T,:

T.= K173 (6.30)

Tr0€0 + 161



6.4 Numerical Results and Discussion

[n this section. we present numerical examples for the mean delay performance. The
objectives of these examples are to: (1) test the accuracy of our approximate analy-
sis, and (2) investigate the impacts of traffic correlations and the time-varying error
behavior on the delay performance. The second objective will enable us to gauge
the importance of employing a Markovian source model (as opposed to a renewal
Bernoulli process) and a two-state time-varyving channel model (as opposed to a one-
state “static” model). This. in effect. establishes the true contribution of the work.
For the model validation part. our analytical results are contrasted against more re-
alistic simulations that are obtained under no approximations. In the following. we
present the results for the special yvet commonly encountered case of a two-state on-off
source. Note. however. that our analysis applies. in general. to an .V-state source.
where .V > 2,

For an on-off Markov source. one packet is generated per time slot during on
periods and no packets are generated during off periods. Transitions between on and
off states are governed by the transition probability matrix P = {p; ,].0 < i.; < L.
The characteristics of the on-off source are represented by the mean arrival rate
(py). which is also the traffic load. and the mean length of the on periods (T,n).
Note that for a fixed p,. T,, measures the burstiness of the traffic. In practice. the
value of T, depends on the application and the underlying packetization mechanism.
For example. for 53-byte ATM cells T,, ranges from few tens for voice with silence
detection to few hundreds for compressed video.

Two parameters are defined for the GE channel model: the mean packet error
rate (¢) and the duty cycle of the Bad period (p,):
A To€1 + I'io€o

roaq + o

L (6.32)

rog+ o

(6.31)

ne
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Table 6.2 gives the parameter values used in our experiments. When varying the
value of one parameter, the other parameters are set to their default values. unless

indicated otherwise.

fParameter I Symbol [ Value (default) ]
Mean arrival rate Ps 0.3 — 0.7(0.5)
Mean on period T, 10 — 300(100)
Mean packet error rate € 0.0l —0.3(e; =0.9,¢9 = 0.001)
Duty cycle of Bad period Pr 0.05 — 0.4(0.1)
Transition probability from
Good to Bad ro. 0.005 — 0.1(0.03)

TaBLE 6.2. Parameters used to obtain the numerical results.

Fig. 6.1 shows the mean queue length E[q], obtained using (6.138). as a function
of p, for three values of feedback delay: s = 10.50. 100. Here. the mean queue length
includes packets in the source buffer as well as those in the waiting buffer. A good
agreement is observed between simulation and analysis. with the analytical results
being slightly conservative when s is large. For p, < 0.3. Eq| increases almost linearly
with the load indicating almost no change in the mean transport delay. This can be
justified as follows. Since at most one packet is generated per time slot. queueing
delay occurs only when a packet is retransmitted from the waiting buffer and the
source buffer is not empty. The former condition is the result of a returned NACK.
which occurs mostly during Bad channel periods. Given that the channel is Bad
roughly 10% of the time (by default. p, = 0.1). the likelihood that the channel is
in a Bad state and. simultaneously. the source is on is small. resulting in infrequent
queueing delays. In this case. the transport delay is dominated by the retransmission
part. which is independent of the input load. As p, increases beyond 0.8. queueing
delay in the source buffer becomes more probable. causing a nonlinear increase in the
total mean queue length (note that to maintain a stable queue, p; must not exceed
0.9 since the channel is “clear”™ about 90% of the time).

Fig. 6.5 shows the mean transport delay as a function of p, for three values of
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FIGURE 6.4. Mean queue length versus input load.

feedback delay. s = 10.50.100. Time is normalized by a slot time. As shown in the
figure. the mean transport delay is less sensitive to the input load. Since one packet
is generated per slot. no queueing delay is occurred unless a NACK is returned. Since
we fix the average duration of the Bad period at 10% of the average duration of
the Good period. it is hard to notice significant queueing delay up to medium input
load. As input load increases. it is more likely that the on state and Bad state occur
simultaneously which may cause a higher queueing delay. In this figure. the analytical
results tend to overestimate the simulations by less than 10%.

The impact of the mean packet error rate (¢) on the transport delay is illustrated
in Fig. 6.6. Here. we take p, = 0.8 and set the other parameters to their default
values. We vary ¢ by varying the error rate during Bad periods (e;) with g set to
0.001. The figure indicates a good agreement between the approximate analysis and
the simulations. The gap, however, tends to slightly increase with e. It is interesting

to note that as € increases. the corresponding rate of increase in the mean transport
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FIGURE 6.6. Mean transport delay versus mean packet error rate (p, = (.8).

the same Bad period in which the packet was last (re)transmitted. and hence will
probably encounter channel errors. This. in effect. increases the value of n. As s
increases. the impact of error correlations fades away, resulting in a decrease in n.

Fig. 6.7 shows the mean transport delay as a function of the duty cycle of a Bad
period (p,) for s = 50.100. As expected. the mean transport delay increases with the
duty cycle of a Bad period.

[ig. 6.3 shows the mean transport delay as a function of the transition probability
from on to off states (p; o) for s = 10.50. For the input load (p,) of 0.5. it is observed
that mean transport delay increases abruptly for the longer on period. However. it
becomes much insensitive from the value 0.03.

Fig. 6.9 demonstrates the significance of traffic correlations by contrasting the
mean transport delay under a Markovian model (T,, = 16 and 32) with that of a
renewal Bernoulli model. All results are based on analysis. The mean error rate is

varied through e; with p, = 0.8. Note that in this case the value of T,, reflects the
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burstiness of the Markovian source. For a fixed ¢, the Markovian model always gives
a higher mean transport delay than the Bernoulli model. In fact. even when T, is set
to its smallest possible value (i.e.. T,, = 2), we observed that the Markovian model
still results in higher mean delay value 6.10. For a fixed T,,. as ¢ increases the gap
between the Bernoulli and Markovian results also increases, indicating more profound
impact for correlations in this regime. This trend is justified as follows. When ¢ is
small. the queue is empty most of the time. In this case. the traffic characteristics
have little impact on the queueing delay (i.e.. traffic burstiness is absorbed by the
clear channel). As the noise level increases. so does the mean queue length at the
source buffer. But with more frequent buffer buildup. burstiness starts to have a
more profound impact on the mean queueing delay by increasing the likelihood that
an arriving packet will see a nonempty queue. As a matter of fact. if we only consider
the mean queneing delay (i.e., s = 0). the gap hetween the Markovian and Bernoulli
results is even more acute than what is depicted in Fig. 6.9 (See 6.10). The figure
also shows a fixed sap between the curves for s = | and those for s = 10 in each
source model. which we previously commented on.

The significance of employing a time-varving channel-error model as opposed to
a static one is illustrated in Fig. 6.11. In this figure. we depict the mean transport
delay versus ¢ under Markov and Bernoulli sources assuming static (one state) and
time-varying (two states) channel models. As before. ¢ for the 2-state channel model
is varied through e; with p, = 0.4. We set p, = 0.4. s = 10. and use the default
values for the other fixed parameters. From this figure. one can make the following
remarks. First. for a fixed mean error rate and a given source model. a time-varying
error model almost always results in a larger mean transport delay compared to a
static model. This trend can be attributed to the fact that a time-varying channel
acts as a “bursty” server whose alternating Good-Bad pattern adversely impacts the
effective service rate. So during Good periods, if no traffic is being generated and

the queue is empty, the capacity is wasted for an extended amount of time. By
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evently distributing the effective service rate over time, the static model undermines
the amount of wasted capacity, hence providing overly optimistic predictions of the
mean delay. Secondly, the gap between the time-varying and static channel models
increases with e. This is attributed to a corresponding increase in the variance of the
mean error rate in the former model (this variance is zero in the static model). Finally,
it is observed that in the case of the Markovian source model, the effect of the time-
varying channel starts to show at smaller values of € compared to the Bernoulli model.
So by employing a Bernoulli model, one may mistakenly undermine the impact of the
time-varying error behavior. For large ¢, the considerable gap between the uppermost
and lowermost curves in Fig. 6.11 demonstrates the amount of inaccuracy caused by

employing simplified source and channel models.
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F1GURE 6.11. Mean transport delay versus € under Markovian and Bernoulli sources
for static and time-varying channels (ps = 0.4, p, = 0.4, s = 10).

Fig. 6.12 and 6.13 are related to the mean resequencing delay. The objective of
both figures is to examine the accuracy of our approximate analysis in Section 6.3. Re-

call that the analysis was carried out under two assumptions: heavy-traffic load (i.e.,
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packets are always supplied) and a small window size relative to the channel sojourn
times. Fig. 6.12 shows the mean resequencing delay versus € for s = 50,100. With
such large values of s. we can examine the worst-case inaccuracy of the analysis with
respect to the second assumption. The analysis is contrasted with eract simulation
results obtained under heavy load and under 70% load. If the resequencing analysis
were to be conducted without the second assumption. then we would expect a match
between the analytical results and the heavy-traffic simulations. But Fig. 6.12 shows
that the heavy-traffic simulations upper bound the analytical results. indicating op-
posite effects for the above two assumptions. For s = 30. the analytical results are
sufficiently close to both types of simulations. [n general. we observed that at small
values of s the mean resequencing delay is somehow insensitive to the input load. For
s = 100, the analytical results lie between the two types of simulations. being closer
to the heavy-traffic simulations when ¢ is small and to the T0%-load simulations when
¢ is large. In Fig. 6.13 we compare the analytical results with simulations obtained
at 0% load using two values for e, (the error rate during Bad periods). A good
agreement is observed over the range of s. As s increases. | starts to have a more
significant impact on the mean resequencing delay.

[n contrast to the convex plots in Fig. 6.6 and 6.9. Fig. 6.12 indicates that the mean
resequencing delay increases sublinearly with e. This says that as e increases. the mean
transport delay becomes more sensitive to incremental changes in €. while the opposite
effect is observed for the mean resequencing delay. Fig. 6.1+ further illustrates this
point by depicting both types of delay as a function of ¢ when s = 50. 100 (p, = 0.3.
pr = 0.2). Because of the contrasting sensitivities to changes in €. two crossover points
in the delay curves are observed when s = 100.

Fig. 6.15 shows the mean resequencing delay versus the duty cycle of a Bad period
for the cases of feedback delay, s = 30.100. As shown in the figure, the mean

resequencing delay shows a gradual increase as p, increases.
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Chapter 7

CONCLUSIONS

7.1 Introduction

Providing QoS guarantees over wireless packet networks poses a host of technical
challenges that are not present in wireline networks. One of the key issue is how to
account for the characteristics of the time-varving wireless channel and for the impact
of link-layer error control in the provisioning of packet-level QoS. In this dissertation.
we accommodate both aspects in analyzing the packet loss and delay performance over
a wireless link. The proposed analytic expressions provide the amount of bandwidth
to be allocated and an error control strategy. given target QoS parameters including
packet loss rate and delay distribution. Extensive simulations are conducted to verify
the goodness of our analytical results.

[n this chapter. the primary contributions of the dissertation are placed in per-
spective and areas for future extension of this work are identified. The remainder of
the chapter is divided into two parts with Section 7.2 listing the major contributions

of the dissertation and Section 7.3 pointing out future directions for this research.

7.2 Contributions of This Work

[n Chapter 1. we analyzed the packet loss performance over a wireless link. We
considered both cases of a single and multiplexed connections. The link capacity
fluctuated according to a fluid version of Gilbert-Elliot channel model. Traffic sources
were modeled as on-off fluid processes. Our analytical framework incorporates the
effects of error control schemes (i.e., ARQ and/or FEC), which are used to improve the
transport performance over the wireless link. For the single-stream case, we derived

the exact packet loss rate (PLR) due to buffer overflow at the sender side of the
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wireless link. We also obtained a closed-form approximation for the corresponding
wireless effective bandwidth. In the case of multiplexed streams. we obtained a
good approximation for the PLR using the Chernoff-Dominant Eigenvalue (CDE)
approach. The expressions for the PLR and effective bandwidth were then used to
study the optimal FEC code rate that guarantees the requested QoS while maximizing
the utilization of the wireless bandwidth. Numerical results and simulations were used
to verify the adequacy of our analysis and to study the impact of error control on the
allocation of bandwidth for guaranteed packet loss performance.

[n Chapter 3. we used the analytical framework developed in Chapter 3 to inves-
tigate the delay and packet discard performance of a wireless channel. We considered
a single ON/OFT traffic stream transported over a wireless link. The capacity of this
link fluctuates according to a fluid version of Gilbert-Elliot’s model. We derived the
packet delay distribution via two different approaches: uniformization and Laplace
transform. Numerical aspects of both approaches were compared. Using our ana-
lytical model. we investigated the packet discard rate at the receiver. This metric
is particularly important for delay-sensitive traffic. where the due-date of a packet
is translated into a limit on the maximum number of packet retransmissions. The
delay distribution was further used to quantify the wireless effective bandwidth under
a given delay guarantee. Numerical results and simulations were used to verify the
adequacy of our analysis and to study the impact of error control and bandwidth
allocation on the packet delay and loss performance.

In Chapter 6. we analyzed the mean delay experienced by a Markovian source
over a wireless channel with time-varying error characteristics. The wireless link
implements the selective-repeat ARQ scheme for retransmission of erroneous packets.
We obtained good approximations of the total delay, which consists of transport
and resequencing delays. The transport delay, in turn. consists of queueing and
transmission delays. In contrast to previous studies, our analysis accommodates

both the inherent autocorrelations in the input traffic and the time-varying nature of
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channel conditions. The exact probability generating function (PGF) of the queue
length under “ideal” SR ARQ was obtained and was combined with the retransmission
delay to obtain the mean transport delay. For the resequencing delay, the analysis was
performed under the assumptions of heavy traffic and small window sizes (relative to
the channel sojourn times). The inaccuracy due to these assumptions was observed to
be negligible. We showed that ignoring the autocorrelations of the incoming traffic or
the time-varving nature of the channel state can lead to significant underestimation
of the delay performance. particularly at high channel error rates. Some interesting

effects of key system parameters on the delay performance were observed.

7.3 Future Directions

The research presented in this dissertation can be extended in several ways. First. the
proposed analytic expressions for wireless effective bandwidth indicate the amount
of bandwidth to be allocated for achieving a target QoS in a rather conservative
fashion. since the error correction capability reflected in those expressions assumes
the worst-case channel scenario. i.e.. Bad channel state. Thus. an extra bandwidth
is unnecessarily allocated in Good channel state. which may lead to lower utilization
of bandwidth. To address this problem. we can apply the notion of time-varving
wireless effective bandwidth where the guaranteed bandwidth varies depending on
the channel state. In this case. we cannot provide the hard-bound guarantee on QoS.
though higher utilization of system capacity can be achieved. In such an aggressive
service discipline. the connection admission rule may be changed to probabilistic
guarantee. i.e.. the probability that the sum of wireless effective bandwidth is greater
than the system capacity is 0.05. for instance.

In the QoS mechanism. it is important to decouple the impacts of each QoS
measure on bandwidth allocation. For example, once an amount of bandwidth to

be allocated is determined based on delay guarantee, it should not be beneficial to
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throughput guarantee by allocating more bandwidth required for the throughput
guarantee. Thus. we need a highly flexible and scalable QoS mechanism to be able
to tune various QoS parameters while maximizing the system utilization. The QoS
schemes proposed in this dissertation tend to provide bandwidth which may couple
loss and delay requirements. Thus, for instance, if a service requires higher delay and
lower throughput. low throughput benefits from the bandwidth allocation based on
higher delay. To address the issue. we need to incorporate the buffer size and the limit
on the number of retransmission in the resulting expressions as output parameters
for given QoS parameters. This issue is challenging and lead to the problem of multi-

variable optimization with multiple constraints.



Appendix A
CALCULATION OF EIGENVALUES

Arranging (4.13), we obtain

azt + 02+ et +dz =0 (A.1)
where
a = cyen(r—cy)(r—c) (A.2)
b = —ri(c,7+ad +and +c,9)

—r((e; + ) (3+75) — iy = 9) + 2eyen( +0))

—c,e((a+ I)e, +an) +2(0¢, + 5¢y)) (A
¢ = a‘oe,+ Fr—e)r—c¢,)

F(end + g 3)(00 + ¢y — b1 = 1)

+.3(c'b"é' + 2ehe,0 + 2eneyy

+cj‘7 = 2ey01r = 2¢,0r = 2eyyr = 2,0 + or* + */7'2)

+a(c;d + 2ee,8 + 2ene,

+cj7 = 2e30r — 2¢c,yr + 3(2cc, — cor —cyr)) (A.4)

d (a+ F+0+9)r3(0+ ) = (a+ I, + d)). (A.5)

Since the zero is the root of (A.1). other eigenvalues correspond to the solution of the

cubic equation:

Sttt emr+ea=0
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where ¢; = &.¢, = S.and ¢3 =

a

NS

. If the cubic equation has the three real roots. the

roots are given by [102]:

5 = —2y/Qcos (&) . El
» = —2/Qcos (;3:) -+ (A.6)
o= =2/Qcos (5F) - &
where
9
A C— 3C-_)
a 2t = 9ejey + 27y

-
§ = arccos (R/\/@)
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Appendix B

MurTIPLE ON-OFF SOURCES OVER A WIRELESS
CHANNEL

We consider multiple homogeneous on-off sources multiplexed over a wireless channel.
Each of the sources has the same statistical properties. i.e.. the same peak rate and
mean on/off periods as specified in Section 1.3. I[n order to generalize the analysis to
the case of A on-off sources. we need to modify (4.8) which considers the single on-
off source. Due to the homogeneity of sources. the system state can be represented
by the number of active sources. This process follows the typical birth-and-death
process with the state /. 7 = 0.1.--- . A". The infinitesimal generator M, for this
traffic generation process is given by:

[ -3 K3

Q —(a+ (N -1)3) (K -1)d
M, = :

(N = 1)a —(([\'—.l)a-{-J) 3
Na -hKNa

- -

Mitra in [77] presented the ways of obtaining the eigenvalues and the eigenvectors
for the process characterized by M;. Due to the decomposability of this wireless
ATM link model as discussed in Section -1.5. the analysis on the producer part with
multiple on-off sources in [77] is directly applicable to this case. Thus. we will skip the
analysis on the producer part done by Mitra in [77]. For packet deliver part. we use
the previous varying service rate model which is based on two state Gilbert-Elliott’s
channel model. Unlike the analysis of packet delivery part in [77] which has a discrete
range of service rates. our model has the continuous range which is the function of
the bit-error-rate (BER) of a wireless channel and the error correction capability of

a FEC code.



By equating (4.7ii) in [77] and (+.12) in terms of zv, we obtain

Sl tat )t Qr—%> Qan=:“f“2—6_7—(m—§) Q:(=).
Arranging the previous equation. we define the following equation
ﬂahh)é<h—%) @m+(m-9 Q=)
+{—f<r:+a+.3)—““”“”.f"‘“" (B.1)

[n order to facilitate the calculation of eigenvalues. we detine P(z. k. k.).

I 2
P(z ki k) = ((h-%) Q1(3)+</€2—§) Qa(=) — L ))
h '
(h—i)(b—ﬂ Qu=)Qu(2) (B.2)

where
(C_r} + C})) - () -5

2

-

(B.3)

L(z )— (r' +a+d)—

lvl.\:

The equation P(z.k;.ky) = 0 is obtained from f(z.k;.k2) = 0 by rearranging and
squaring terms to eliminate square roots. Because of duplicate roots. we need to
consider 0 < A& < A/2 and 0 € &, < 1. The eigenvalues are the solutions of the
polvnomials P(z. k. k2) = 0.0 <k < K/2 and 0 < ky <1 as proved in [77].

So far. we have discussed the way of obtaining the eigenvalues in the Equations
(-£.83) and (4.9) for the case of A" on-off sources. The eigenvector ©; can be obtained
by using the Equation (5.7) in [77]. The eigenvectors o, in packet delivery part (+4.9)
are given in (-.15). Thus. the resulting eigenvectors ¢ are obtained by the following

Equation:
0 =01 0
Finally. the stationary buffer content distribution [I(r) is given by:

[M(z) = agw + Z a;exp(zixr)o; (B.4)

%<0
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where w = w; 2D wa, wy is given in (2.18) in [77]. and w, is given by

= [ = _&
w'l-[5+fr «5+’/]'

In order to calculate the coefficients «;. we use the boundary conditions:

[1,(0) = 0. for z; < 0.with \; > ¢, or \; > ¢

ay = 1. (since [[(e<c) = w)

where \; denote the total source rate associated with the eigenvalue z;. Eventually.

we obtain the packet loss rate from the Equation (4.17).



Appendix C
PrROOF OF PROPOSITION 5.2.1

We define P(t.r) as
P(t.c) 2 P[Cit) < ¢]. i€ {g.b}.

During a time period \¢. the system state changes from Good to Bad with probability

0At. Similarly. it changes from Bad to Good with probability v A¢. Now. we have
Py(t+ Aty = (L =0AOP (o= (¢, =) At) + 0L Byt — (¢; — ¢3)Al)
P;,(l + Al..l') = ‘(_3[ . P_,]([..l') + (l - ‘,AZ)P;)([..I‘).

Taking the limit as At — 0. we have

AP, (t.r)

JdP,(t.r) . :
P = —(C”-C")_J(TI_—OP"(LI)+OP”(L'F)
JP(t.r)
bat = ~yP,(t.r) = 5Py(t.x).

Arranging the previous equations in the matrix form. we arrive at

dP(t.r) dP(t.x)
o TP To;

= MP(¢. 1) (C.1)
where
Lo | P(tr) a =0 & ale,—c 0
P(t"L)_[Pb(t..z')]'M—[‘/ _A/}.anch— [ 0 NE
Applyving Laplace transform to (C'.1) with respect to ¢ (notation ). we have

“Pr(s.r) = P(0.z) $ DZE2:0)

9 = MP~(s.2).

Applying Laplace transform again with respect to r (notation e). we have

sP*(s.u) = P*(0,u) + D(uP™*(s,u) — P*(5,0)) = MP**(s. u).



Arranging the above equation, we have

P*(s.u) = (uD + sI — M)"YP*(0.u) + DP*(5.0))

where
_ l s+ 0
0T |- i
(uD + sI - M) A(s) [ ~ (cg—cb)u+5+0]
with \(s) 2 (¢, —a)(s+7)u+s(s+0+7)

The system has the following boundary conditions

_ P,(t.0) 3 0 N P,(0.x) _
e ][] e 5]

With the boundary conditions. we obtain

J

(C.2)

~® - L
PPsu) = u\(s) [(

Taking inverse Laplace transform with respect to u in (('.2). we have

1 i 1 . 3=
S —Lexp (—:_C (.s-{-b— )1)
P'(.,\'..l') — l 3 j ] bl ‘ s+ 4
Pl g exp <—.L‘q—u‘b (\ <+ o -~ :::) .l')

Finally. in order to invert with respect to t. we use the convolution property and

S+0+ 7
C, = Chlit+ s+ 0+

the following Laplace transform pair:

LLI(2Val)] = -

Nad? ]

where Jo(=) is the Bessel function of order 0 given by
i - )).’n
; n’)
Thus. we have
I — e % (e =5 Jo(2\/—b~i(t — F)) + Zn:ﬂ (;52[‘ n+l.y(t=1t)))

L= -“Zn—o (:v)zr(” + Ly(t = 1))

where & = r/(c, — &) and I'(n.z) is the incomplete gamma function given by:

[(n,z) = /- e frdr.
0

This completes the proof of Proposition (5.2.1).

P(t.r) =
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Appendix D

PrROOF OF PROPOSITION 5.2.2

From (3.3). we have
—th . ugl— °fF . .
Prft, > fl—_—:] = Prft, < J_—f] if ept <0 <yt
Pe(C'(1) > 2] = 0, T (D.1)
it r < et
To obtain the probabilities Pr[t, < s] and Pr{t, < s]. we use the uniformization
technique in which the transition rates between states are uniformized by introducing

transitions from a state to itself (refer to pp. 284 in [30] for details). The probability

Pr[t, < s1h(0) = y]. where s < £, is given by:

Pr(t, < s|h(0) = g

= i 6-(d+‘1)t((6 + ..{)t)'l . n v kot b) noRk
n! k=1 \d+~ o+ =

n=l k=1
SGIGEEH.
- S () BT () 0097

For s = f. we have
Prt, = t|h(0) = g] = ¢~
[n a similar way. the probability Prft, < s|h(0) = b]. where s < ¢. is given by:

Pr(t, < s|h(0) = b]

— e—(c5+”l)t Z ~

n=1 k=t

)
T
!
[~
N
o~
| =
—
N—
7N
= | >
S’
b
i
[~
N
~.
N~
—~
o~ | @
N———”
VS
|
~ | &
SN
T

For s = t. we have



From (D.1). we have

Pr[C,(t) > 2] = L—=Pr [ty < Rl Cbt]h(O) = g]

Cy — G
: = (8" n AL S :
= | - L= (94t ( (_::) 1 — n—t
¢ o2 o) 3) Xy
=1 k=1 i=k
rhere e L:_‘!__
where \ = (CU_C'W.
[n a similar way. we obtain Pr[Cs(¢) > x|
., eyt —
Pr[Ch(t) > x] = Prit, < |h(0) = b
¢y — Cp
-3+t i ()" i n 2 k=L 2/ n=i(] = )
ot n! — k~1 . — i)\ )

This completes the proot of Proposition 5.2.2



Appendix E
PROOF OF PROPOSITION 5.2.3

From (5.1). we have

Pr[D < ]
== 0 Pe(C (1) 2 almy,(e) + Pr(Ch(t) 2 o]misle)da
+% /C:t Pe[Cy(t) = wlmy (o) + Pr[Co(t) > rmps(a)de
T(H“ (cnt) + Ty s(ent))
+’7/£ Pe[C,(1) > o]miy(e) + Pr[Ch(t) 2 ] mislr)de. (E.1)

[n order to evaluate the integral in the above equation. we substitute (3.3) into

(E.1):

gt
/ PI[C_,( > l]/t[J (ll
cpt

(S l o g n ~\ k=1
= (Miylept) = Mylept) = Y (—_—;) (A - > (3)
TN k=1

n=|\
"~ /n cyt .
Z ( ) / (& = cpt) (cyt — &)y l)der. (E.2)
=k ¢ Cht
Consider the integral in (E.2),

cyt . ‘
/ (r —opt)'(cyt — )" 'mg(a)de

cpt

ot [ p— cpt ' I — cpt n
= (¢,t — cpt)" I — Tiy(r)de
ot NGyl — ot c,t — cnt

1
= (cyt — Cbt)"H/ V(L= )" ey — eo)bx + apt)dy
0

where
A I —cyt

X t(cy = cp)



Let m () =), ae™*. Then we have
Lo U .
/ \‘(l _ \)n l“l_}(( Cb)t\ +Cbt)(l\ = e::cbtzal/ \l(l _ k)n—zezl(cg—cb)t\d\,_
0 7 0
By the formula in [103].
1 N
/ L=V de = Bln =i+ Li+ DO+ Lin+2:9) (E.3)
0

where B(x.y) is the beta function given by

DLW [ oty s
ez +y) —/0 TN = )Y dt

ne

B(r.y)

and (x:y:z) is the contluent hypergeometric function given by

e ype ~ é - ('L.)k:k _ L =y ; r=1, y—r—1
Bluiyez) = Z:(y)wl'!_15’(-1'-!/—-1')~ /o T -

[(n4n)

with (a), 2 afa+ 1) (a+n-1)= T(e) *

Thus. we have

L —
/U Vil — \)n-:ezl(c';-cwt\([\ = ((r;—l-+11)—)t S+ 1l:in+2:z ey, — cy)t)

Now. Equation (E.2) becomes

n=1 k=1
- (n =)l
;() —cthaze ubt T ————®(i + Lin + 2 zi(c; — a)t)
o n o
= b)) — — e~ 5+t
- Tt =Mt = L5353 (,1) ()

n

. Z(cg — cp)t Z e B(i + Lin + 25 5(c, — c)t). (E.4)
]

=k



In a similar way, we obtain

k=
/ Pr(Cy(t) > x]mip(a dl—e"‘”"z n+1)lZ(L_ )<> |

= Z( - cb)tZa,,,e met(n — i+ lin + 2 DImlcy, — ay)t) (E.5)
—

m
where mp(2) =5 ane .
Substituting (E.4) and (E.3) into (E.1). we have

2

_ ) (6t)“
(S+)t
P[D<t]_, (I y(cyt) + My plest)) ~ F i ;(nﬁ—l)!
n kel
(1) ) S e S v i -
© - ¢

1=k

k=1
— -(‘+")2
+[ n2=:n+1)1 (lv—)()

n

: Z(Cg - Cb)t Z (l,,,.(;‘:"‘cht(b(ll -+ lin+ 2 Zm(c_') - Cb)l)'

i=k m

This completes the proof of Proposition 5.2.3.
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Appendix F
SINGLE ON-OFF SOURCE

In Section 6.2, we outlined a spectral decomposition approach for obtaining the PGF
of the queue length under a general Markovian arrival process. We now apply this
approach to the case of a single on-off source. The eigenvalues and eigenvectors of
PTdiag[z'] = RTE(z) can be obtained by employing some properties of Kronecker
products [10-]: namely. the eigenvalues of A = B. where A and B are two matrices.
are obtained by element-wise multiplication of the eigenvalues of A and B. Also.
the eigenvectors of A = B are given by the Kronecker products of the individual
cigenvectors of A and B.

Let apa(z) and J(z) denote the eigenvalues and eigenvectors of Pldiag[=']. re-

spectively. which are given by:

1
arz(z) = F{poo + praz &)
l l
3z) = a1(3)=poo  o2(3)=poo
(1-py11)= (1=p1a):

where £(2) = /(poo + praz)? + H1 = pow — pri)=.
Let 8;2(=) and +(z) denote the eigenvalues and eigenvectors of RTE(z). respec-

tively. which are given by:

. l
012(z) = Flroono(z) +ruam(z) £o(z )
l
(=) = Si(s)= "00710() 52(z)=ro.0n0(=)
(1=r1.1)m(=) (1=r1.1)m(2)

where o(z) = \/(roono(z) + riam(=))* + 4(1 — roo — rea)no(=)m(=). In addition. the



inverse of each eigenvector is given by:

Bl(z) = | Gyl el enld
L oa(z)—a1(z) a2(z)—o1(z)

82(2)—r0,0m0(2) —(1=r11)m (=) ]

[ o2(2)—poo —(1-p1,1)z :I

= - §a(2z)=61(z 82(z)—61(=
77N 2) = | ey ER i

L 5(2)-a1(2) 62(2)—61(2)

Thus, the right-hand side of (6.8) for a single on-off source is given by:

A(z) = diaglai(2)é1(2), a1(2)62(2), aa(2)61(2), a2(2)62(2)]
G(z) = B®1(2)
= [B1@m(2), 51 @ 12(2), B2 @ 1(2), P2 @ 72(2)]
G7l(z) = (Bev(2)"

= [B7 @' (2), B @7 (2), 87 @11 (2), 87 ® 75 ' (2)).
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Appendix G
ProoF oF PROPOSITION 6.2.1

From (6.5) and (6.6), we can obtain (; ;(z):
oo min(N,n+1)

Qle) = ), Z (rig€ipLiqrln — L+ 1] + rji€pLiqzln — L+ 1])2"
m==1

) mm(N,n)

+> 0 >0 (risepuiqln — 1+ e5mq50n — 1)2"

+ 3 (rig€ipiqsll — 1 + 380001 — 1))
=0

+p0,i(74,790,4[0] + 75,5905[0])- (G.1)

In order to simplify the previous equation, we use the following relations:

fo%e) mlnNn

Z Z pLiqiiln — 12" ~ZZPMIU[”‘12 — P0,i90,;[0] (G.2)
n=1 I=0

=0 n=l

and

oo min(N,n+1)

Z Z priqijln — 1+ 1]2" =

=1 =0

N 5] (S]

ZZPM]z]n—l%—l ZZPuqz]n—l-l-l]z (G.3)
=2 n=Il-1 =0 n=1

Using (G.2) and (G.3), we obtain:

Qij(z) = TjjéjPOqu il0] + 75,i€5P0.i90 5 (0]

+75,7€5 Zpu 'Qu(2) + 15827 po,i(Qoj(2) — q0,3[0]) + P1,iQu,5(2))
g 8 Zpt,izl_lQl,j(Z) + 73,827 p0,i(Qo3(2) — 0,3[0]) + P1,Q13(2))
=2

N N
+rijei P Qui(2) + g6 > piz'Qui(2) (G.4)
=0 =0
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Arranging the previous equation, we obtain:

N
Qm - Ty, J77J Zpl iz Ql] 77,]”73(3) Zpl,ilel,}(z) =
=0

rg(1 —n;(z ))po,zqo,J [0] 4 75,;(1 — 75(2))Po,i90,5(0] (G.5)

where 7;(z) = ¢; + €;27" and 7;(z) = €; + €;z7". In the previous equation,
Zpu (rj,mi(2)Qui(2) + r3,m;(2)Q13(2))

= sz,izl[RTE(Z)]sz(Z)
=0

— [P7diag[] ® RTE(2)]2i15) Q=) (G.6)

where [A](;) denotes the (7)th row of A and

Qz) 2 [Quolz) Q)T
E(z) = diag[no(2),m(2)]
diaglz'] 2 diag[l, 2,22+ ,2"]
Q) 2 [Qoo(2), Qoa(2), Q1o(2), Qua(2),+ -, Qno(2), @ua(2)]"-

Using (G.6), we can arrange (G.5) in the following matrix form:
[1— PTdiag['] @ RTE(:)|Q() = [PTdingl+|  RTT~B()]Q0  (G.7)

where QO = [QO,O[O]v qO,l[O]a 0, 70]T‘

With some algebraic manipulation of (G.7), we obtain:

Q(z) = [I—PTdiag[z']| ® RTE(z)] [P diag[~'] @ RT[I — E(2)]]Qo
= Z[PTdiag[Z"] @ RTE(2)]"*"'I® [E(z)™" —T]]Qo

=0

This completes the proof of Proposition 6.2.1.
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Appendix H

ProoF oF PROPOSITION 6.3.1

For j = g, b, let W’_,(z) be the PGF of W/_,. Taking the z-transform for (6.22), w

have
7 s—1
W,_i(z) = > (p(k = 1,5 —i—1,glg)(ropeop(s — k, l|g) + roerp(s — k,1]b))
=0 k=s—1

—I—p(l{: - 15 §—1— 17 b]g)(rl,oeop(s - k? llg) + 7“1,161}7(3 - k? llb)))Wk(Z)Zl_l
s—i—1

+ Z s,m|g)z . (H.1)

Similarly, for (6.23) we have

7

Z Z (k—1,5—1—1,g|b)(ropecop(s — k,l|g) + roe1p(s — k,|b))

=0 k=s—1

-|~p(]€ . 175 1 v 1,[)‘[))(7’1’060])(8 - k? ”g) + Tl,lelp(‘s - ka l|b)))Wk(Z)Zi_l
s—i—1

+ Z (s,m|b)z"F, (H.2)

Multiplying (H.1) and (H.2) by x,o and 7,1, respectively, and summing each, we

obtain the following equation:

Z IP[s, m]U Zit

7 s—1
+> ) TPk — 1,5 —i— 1JREP[s — k, [UWi(2)z"". (H.3)

=0 k=s—1

This completes the proof of Proposition 6.3.1.
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