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Abstract

The wireless and personal communication systems are experiencing an enormous growth
due to recent advancements in wireless networking technologies. At the same time the cellular
network infrastructure around the world is being upgraded to support the 3" generation wireless
communication networks, as defined by the International Mobile Telecommunications for the
year 2000 (IMT-2000) and the Universal Mobile Telecommunication Systems (UMTS)
standards. As a result there is great interest in evaluating diverse technologies that can be used to
handle the heterogeneous traffic types and at the same time be able to provide quality of service
guarantees and ATM has been identified as an ideal transport technology for this type of

networks.

The research presented in this thesis details the use of the ATM Adaptation Layer 2
(AAL2) standard, which is used to adapt low data rate and delay sensitive traffic in ATM
networks. In this work we are interested in evaluating the performance of the AAL2 standard
over error-prone wireless links. Therefore we are interested in proposing a mechanism to

improve the performance that is observed at the AAL2 layer.

The study begins by evaluating diverse analytical models to characterize the bit error
process at the physical layer over error-prone links. This study has identified that the Finite State
Markov Chain (FSMC) models provide a suitable analytical work frame to evaluate the impact of
bit errors at the higher protocol layers, such as the AAL2. Based on the FSMC models we derive
analytical expressions to evaluate the impact of bit errors at the AAL2 layer and numerical
tesults are obtained to evaluate the performance of the AAL2 standard over the error-prone
links. Later the analytical expressions are used to evaluate the performance improvements at the
AAL2 layer when implementing diverse techniques that are commonly used to improve system
performance. Such techniques include the use of Forward Error Correction codes and diversity
techniques. Finally, a robust frame format is proposed for the AAL2 standard. The proposed
frame format improves the performance of the AAL2 standard by introducing a robust
mechanism for the delineation of AAL2 packets. In addition, the proposed mechanism can
reduce the overhead introduce by the header fields that are required to achieve the delineation

of the AAL2 packets inside the payload of the ATM cells.
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Chapter 1 Introduction

The Asynchronous Transfer Mode (ATM) technology was initially introduced duting the
early 1990s and today it is widely used over public and private telecommunication systems all
over the world. One of the main reasons for the great success of ATM is because of its ability to
support a whole range of applications with Quality of Service (QoS) guarantees. Figure 1.1
illustrates the protocol stack of the ATM standard as defined by the International

Telecommunications Union (ITU).

Throughout these years there has been a great deal of investment in terms of research,
equipment development and deployment based on the ATM standard, and in more recent vears
there has been great interest in the use of the ATM technology for the 3™ generation wireless
communication networks [1], [2], as defined in the International Mobile Telecommunications
for the year 2000 (IMT-2000) and the Universal Mobile Telecommunication Systems (UMTS)
standards. Currently the cellular network infrastructure around the world is being upgraded to
support the emerging 3™ generation wireless communication networks and the ATM technology
is being integrated into this type of networks to manage the heterogeneous traffic types and at

the same ume to support the diverse quality of service requirements in the network.

/ Management Plane

Control Plane User Plane

Higher Layers Higher Layers

ATM Adaptation Layer

ATM Layer /
Physical Layer

Figure 1.1: The ATM protocol stack.



Similarly there is great interest in the use of commercial technologies, such as the ATM
standard, which can be integrated as part of the military tactical telecommunication networks
[3]-[11]. Several authors have proposed the use of ATM over strategic and tactical military
networks arguing that implementing a well-known and tested technology would greatly reduce
costs. Additionally the use of ATM can increase the interoperability between strategic and
tactical nodes, as well as, the interconnectivity with civilian telecommunication networks. One
implementation example of the use of ATM over military tactical networks is the POST-2000
Tactcal Communications Systems for NATO [10).
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]
MS/UE = 2G/3G Mobile Staton MSC = Mobile Switching Centre
BS/NB = 2G/3G Base Station VLR = Visitor Location Register SCP = Service Control Point
BSC = Basc Station Controller SGSN = Serving GPRS Support Node HLR = Home Location Register
RNC = Radio Network Controller GMSC = Gateway MSC CAP = CAMEL Application Part
RAN = Radio Access Network GGSN = Gateway GPRS Support Node MAP = Mobile Application Protocol

Figure 1.2: UMTS/GSM network architecture.

The research presented in this thesis details the use of the ATM Adaptation Layer 2
(AAL2) standard [12], which is used to adapt low data rate and delay sensitive traffic in ATM
netwotks. One of the main characteristics of the AAL2 standard is that it can multiplex the
information from multiple sources and therefore be able to make an efficient use of the

bandwidth utilization. Because of the particular characteristics of the ATM Adaptation Layer 2,

2



the AAL2 standard has been proposed to be used in the 3 generation wireless communication
networks [13]-[17]. Figure 1.2 illustrates an example of the UMTS/GSM network architecture,
as depicted in reference [2]. It has been proposed that ATM and in particular AAL2, be used in
the Radio Access Network (RAN) [2].

Similarly tactical military networks can benefit of the bandwidth improvements provided
by the AAL2 standard, especially when dealing with bandwidth limited wireless links. Later in
Chapter 2 we present a detailed description of the AAL2 standard, as well as, an example of a

network architecture that has been proposed for tactical military networks.

In this work we are interested in evaluating the performance of the AAL2 standard over
error-prone wireless links. Therefore we are interested in proposing a mechanism to improve

the performance that is observed at the AAL2 layer in ATM wireless networks.

1.1 Research Motivation

This research study is motvated by the interest of the Defence Research and
Development Canada agency in the performance evaluation of the ATM and the AAL2
standards over error-prone links. The nature of military strategic and tactical networks will
require the support for teleccommunication between mobile nodes. Usually, these mobile nodes
require the use of wireless telecommunications links, which are limited in bandwidth and present
a much higher bit error rate (BER) than that of wired links. On the other hand, the ATM
standard was conceived to be used over highly reliable links, such as fibet-optic links, with BER
in the order of 10" or less. If the ATM standard is to be used over error-prone links, such as
wireless links, then several technical issues must first be resolved for the successful deployment

of the ATM technology over strategic and tactical networks.

Of special interest, in this work, is the support of low data rate and delay sensitive
applications over wireless links. Identifying the need for a new ATM Adaptation Layer (AAL),
which could efficiently support this type of applications, the ITU-T has standardized the AAL
Type 2 (AAL2) under specification 1.363.2 {12]. Nevertheless, as currently specified, the AAL2

standard does not provide an efficient protecion mechanism to allow for its efficient



deployment over wireless ATM networks. It is the purpose of this work to evaluate the
performance of the AAL2 standard over etror-prone links and propose diverse mechanisms to

improve the system performance that is observed at the AAL2 layer.

1.2 Research Objectives and Methodology

The purpose of this work is to present a performance analysis of the ATM adaptation
Layer 2 over wireless ATM links, and evaluate the resiliency of the AAL2 standard in error-
prone networks. In addition we want to propose a robust system design to improve
transmission performance, over such wireless channels, by reducing the probability of bit errors

at the ATM Adaptation layer 2. The main objectives of this work include the:

® Performance evaluation of the AAL2 standard over error-prone links.

® Proposal and evaluation of mechanisms to improve system performance over

wireless links.

® Proposal of a robust system design for the transmission of low data rate and

delay sensitve services over wireless ATM links.

To achieve these objectives the following research methodology was implemented:

— Wireless Channel Characterizatior: The analytical characterization of a wireless link is
required to evaluate the impact of wireless channel impairments, such as, interference, fading
and noise over wireless data transmission. The presence of these channel impairments in the
wireless link has a direct impact on the bit error process experienced by the receiver. Then the
wireless channel model is useful in the analysis of performance metrics of interest, which can be

used to evaluate the impact of the channel impairments at the higher protocol layers.



— Performance Analysis of ATM/ AALZ over Wireless Links: The standard ATM/AAL2 frame
format is affected by the channel impairments over the Wireless link. Thus, the importance to
understand how these channel impairments will affect the transport of the ATM/AAL2 frames
over wireless links. The performance analysis of the ATM/AAL2 includes the derivation of
performance metrics of interest, which are used to evaluate the impact of the bit error process at

the ATM adaptation layer.

— Proposal and Evaluation of Mechanisms to Improve System Performance. One of the main
charactenistics of wireless channels is the presence of a higher bit error rate, as compared to that
of wired links. Then, it is important to evaluate and propose diverse mechanisms to improve the
transmission performance over error-prone links. Some of these mechanisms include the use of
well known techniques, such as, forward error correction (FEC) codes and the possibility of
implementing diversity techniques. Other mechanisms may include protocol enhancements to

reduce the impact of wireless channel impairments at the higher protocol layers.

— System Design and Performance Evaluation: The end goal of this research is the proposal of a
robust system design for the transmission of low data rate and delay sensitive services, such as
voice, over wireless ATM links. The derivation of a robust system design is based on the analysis
of performance results obtained from diverse mechanisms, which are used to improve system
performance. In addition, a performance analysis is presented to validate the robustness of the
proposed system for the transmission of low data rate and delay sensitive applications over

wireless ATM networks.

1.3 Contributions and List of Publications

The research presented in this dissertation is related to the support of the ATM
Adaptation Layer 2 over error-prone channels, such as wireless links. The main contributions of

this work can be summarized as follows:

— The denvation of analytical expressions to evaluate performance metrics of interest at

the AAL2 layer. These analytical expressions account for the impact of the bit error



process at the physical layer, as well as, for the frame structure at the ATM an ATM
Adaptation layers.

— The performance analysis of the AAL2 standard over an error-prone link.

— The derivation of performance results at the AAL2 layer by introducing diverse

techniques to improve the system performance.

~ The proposal of an improved mechanism to reduce the probability of losses at the
AAL2 layer.

As part of the contributions from the research presented in this Thesis, several articles
have been published in muldple journals, conferences and symposiums. In addition, there is a
technical report submitted at the Communications Research Centre Canada. Following is a list

of publications:

Journals

1 L. Villasenor-Gonzalez, S. Tsakiridou, L. Orozco-Barbosa, L. Lamont, “Performance
Analysis of Wireless ATM/AAL2 over a Burst Error Channel”, Computer
Communications, Vol. 25, No. 1, Jan. 2002, pp- 1-8.

8V

L. Villasenor-Gonzalez, L. Orozco-Barbosa, L. Lamont, “A Novel Delineation
Mechanism for the ATM Adaptation Layer 2 over Wireless ATM Networks”,

International Journal of Communication Systems, (To appear)

Conference and Symposium Papers

1 L. Villasenor-Gonzalez, L. Orozco-Barbosa, L. Lamont, S. Tsakiridou, “Improved
Delineation Mechanism for ATM Adaptation Layer 2 over Wireless ATM Networks”,
IEEE Military Communications Conference, McLean, USA, October 2001.



L. Villasenor-Gonzalez, L. Lamont, L. Orozco-Barbosa, “Resilient Mechanism for Low
Data Rate and Delay Sensitive Traffic over Wireless ATM Networks”, Information
Systems Technology Panel Symposium on Military Communications”, Warsaw,
Poland, October 2001.

L. Villasenor-Gonzalez, L. Orozco-Barbosa, L. Lamont, “Performance Analysis of
Wireless ATM/AAL2 over Correlated Fading Channels using Diversity”, Proc.
IASTED International Conference on Advances in Communications, Rhodes, Greece,

July 2001, pp. 129-134

L. Villasenor-Gonzalez, S. Tsakiridou, L. Orozco-Barbosa, L. Lamont, “Performance
Analysis of Wireless ATM/AAL2 over a Burst Error Channel”, Proc. IEEE Canadian

Conference on Electrical and Computer Engineering, Toronto, Canada, May 2001.

L. Villasenor-Gonzalez, S. Tsakiridou, L. Orozco-Barbosa, L. Lamont, “Performance
Measures for Wireless ATM/AAL2 over a Gilbert-Elliott Channel”, Proc. 20" Biennial
Symposium on Communications, Kingston, Canada, May 2000, pp. 231-235.

Technical Reports

L. Villasenor-Gonzalez, L. Lamont, “Military Voice Services over Wireless ATM
Networks: ATM Adaptation Layer Study”, CRC Technical Report (CRC-RP-2001-02),
March 2001.



1.4 Thesis Organization

The thesis is divided into 7 chapters. Chapter 1 presents the introduction and the
motivation of this work, as well as, an overview of the methodology used to accomplish the
proposed objectives of this research. Chapter 2 presents a description of the ATM Adaptation
Layer 2 standard, which is used for the encapsulation of low data rate and delay sensitive traffic
in ATM networks. In Chapter 3 we present the derivation of the Finite State Markov Channel
models which are used in the characterization of the wireless channel. Chapter 4 presents the
derivation of analytical expressions for performance metrics of interest at the AAL2 layer. In
addition numerical results are presented to evaluate the performance of the AAL2 standard in
the presence of bit errors. Then Chapter 5 shows the performance improvements achieved at
the AAL2 layer when introducing diverse mechanisms to improve system performance. These
mechanisms include the use of well known techniques, such as, the use of Forward Error
Correction codes and the use of diversity techniques. In Chapter 6 a robust frame format is
proposed for the AAL2 standard to improve system performance in the presence of error-prone

links. Finally the conclusions of this work are presented in Chapter 7.



Chapter 2 Low Data Rate and Delay Sensitive Services in

WATM Networks

2.1 Introduction

The Asynchronous Transfer Mode (ATM) technology is widely used over public and
private telecommunication networks all over the world. One of the main reasons for the great
success of ATM is due to its ability to support a whole range of applications, such as data, voice
and video, with Quality of Service (QoS) guarantees. In addition, there has been a great deal of
research around the ATM technology and many companies currendy provide ATM solutions,

thus allowing for an easy deployment of an ATM network.

In recent years, there has been great interest in the use of ATM technology for the 3"
generation wireless networks, as well as, over military telecommunication networks. Several
authors have proposed the use of ATM over strategic and tactical military networks arguing that
costs would be greatly reduced by implementing a well known technology [3]-[11]. Furthermore,
the use of ATM will increase the interoperability and interconnectivity with civilian
telecommunication networks, which is seen as an added benefit for implementing ATM over
military networks. On the other hand, the nature of tactical networks requires the support for
teleccommunications between mobile nodes. Usually, these mobile nodes require the use of
wireless communication links, which are limited in bandwidth and usually present higher bit
error rates than that of wired links. Wireless link errors can affect significantly the performance
at the ATM and the ATM Adaptation Layer, which inherently have very limited protection
against errors. Consequently, it is important to evaluate the performance of ATM over the
wireless medium, as the ATM technology was conceived to be used over highly reliable links
with a BER in the order of 10™.

This work is concerned with the support of low data rate and delay sensitive traffic over

point-to-point wireless ATM links. In this chapter we present a description of the ATM



Adaptation Layer 2, which was standardized by the ITU-T for the support of low data rate and

delay sensitive traffic in ATM networks..

2.2 The ATM Adaptation Layer 2 (AAL2)

The use of the ATM Adaptation Layers AAL1, the AAL3/4 and the AALS for the
transport of low data rate and delay sensitive services can result in partially filled ATM cells (i.e.,
they make an inefficient use of the bandwidth utilization). Identifying the need for a new ATM
Adaptation Layer (AAL), the ITU-T has standardized the AAL type 2 (AAL2) under
specification 1.363.2 [12].

The ATM Adaptation Layer 2 (AAL2) was standardized in 1997 by the ITU-T for the
support of low bit rate and delay sensitive traffic over ATM networks. The AAL2 standard can
provide significant improvement in bandwidth utilization that is not attainable by using other
previously defined ATM Adaptation Layers such as AAL1, AAL3/4 or AALS. The structure of
AAL2 layer, as defined by the ITU-T, is shown in Figure 2.1.

- AAL SAP

! [
| |
I Service Specific SSCS-PDU SSCS-PDU ]
! Subt yer (SSCS) proce it I~
ublayer
] < SSCS-PDU > |
| y Y |
CPS-Packet CPS-Packet Payload
| Header crsen ]
0 (CPS-PH) I
i Common Part < LTS Packet — "
Sublayer (CPS
| yer (CPS) s‘:;‘%‘"’ CPS-PDU Paylosd I
] < CPS-PDU |
| —% .
> = - S G G TR O G Gy G .G G G O oy o = oe of
ATM Layer | AtMCelt ATM Cell Payload

Figure 2.1: The AAL2 structure.
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The AAL2 layer, as illustrated in Figure 2.1, is divided in two sublayers: the Common Part
Sublayer (CPS) and the Service Specific Convergence Sublayer (SSCS). The AAL2 standard was
designed to achieve efficient bandwidth utilization by multiplexing data from different sources
within the payload of the AAL2 Common Part Sublayer Protocol Data Unit (CPS-PDU). The
structure of the AAL2 CPS-PDU is depicted in Figure 2.2.

| . l\'
. ATMHeader | OSF  |3]r PAD
SunFied CPS-PDU Payload Ly
L CPS-PDU N
OSF  Offset field (6 bits) P Parity (1 bir)
SN Sequence Number (1 bit) PAD Padding (0 to 47 bytes)

Figure 2.2: The structure of the AAL2 CPS-PDU.

The CPS-PDU consists of the Start Field (STF) of size one (1) byte and the CPS-PDU
payload of size forty-seven (47) bytes. The CPS-PDU payload is formed from a sequence of
CPS packets (AAL2 packets or mini-cells') originating from different sources. The Start Field
STF includes a six-bit Offset Field (OSF) used to identify the position of the first CPS packet
within the CPS-PDU payload. It should be noted that a2 CPS packet could be mapped across
CPS-PDU payload boundaries. The structure of the CPS packet, which consists of the CPS
packet header (CPS-PH) and the CPS packet payload (CPS-PP), is shown in Figure 2.3.

The AAL2 CPS packet header is composed of four fields: the Channel Identifier (CID),
the Length Indicator (LI), the User-to-User Indication (UUI) and the Header Error Control
(HEC). The CID is an eight-bit field required for the identification of the user of the AAL2. The
CID, as defined by the ITU-T, allows for up to 248 individual users to be multiplexed in a single

AAL2 connection.

! The terms CPS packet, AAL2 packet and mini-cell are used interchangeably throughout this
document.
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CID LI UUl | HEC CPS - INFO
L CPS-Packet Header (CPS-PH) 0 CPS-Packet Payload (CPS-PP) R
L CPS-Packet R
CID  Channel Identifier (8 bits) HEC Header Error Control (5 bits)
LI Length Indicator (6 bits) CPS-INFO information (1 .. 45/64 bytes)
UUI  User-to-user Indication (5 bits)
Figure 2.3: Structure of the AAL2 CPS packet.
Table 1 shows the descripton and the values (codes) for the CID field:
Table 1: The CID field codes.
Value Use
0 Not Used
1 Reserved for Layer Management Peer-to-Peer Procedures

2-7 Reserved

8-255 | AAL2 User (248 channels)

The LI is a six-bit field used to define the length of the CPS packet payload and to
provide for the delineation of CPS packets in the CPS-PDU. The LI takes a value that is one
less than the size of the CPS packet payload in bytes; the maximum CPS packet payload size is
set to sixty-four (64) bytes.

The UUlL is a five-bit field that serves two purposes:
® to convey specific information transparently between the CPS users, and,

® to distinguish between the SSCS entities and Layer Management users of the CPS.
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The HEC is a five-bit field that provides for error detection in the CPS packet header.
This field does not provide for any cotrection capability.

Some applications of the AAL2 standard include the encapsulation of voice-encoded
information over ATM Networks. For example, the ITU-T recommendation 1.366.2 specifies
the packet formats, as well as, the procedures for the encapsulation of voice-encoded
information at the Service Specific Convergence Sublayer (SSCS) of the AAL2 [18].
Recommendation 1.366.2 introduces the concept of Encoding Data Unit (EDU), which is an
octet-aligned concatenation of one or more frames of an audio algorithm. A group of N, EDUs
is concatenated to form a Service Data Unit and M SDUs are concatenated to fill the payload of
a CPS packet (CPS-PP), as shown in Figure 2.4. The selection of values for N, and M are
specified as part of a predefined profile. Under recommendation 1.366.2 a profile is defined as a
set of entries, where each entry specifies an encoding format with a UUI range and length. In
other words, a profile can specify different audio encoding formats, which are uniquely

identified by the selection of values for the UUI and LI fields within each CPS packet.

EDU1 | EDU2 cee EDU ¥,

SDU1 | SDU2 vee SDUM

CPS-PH CPS-PP

Figure 2.4: Encapsulation of voice-encoded data.

The ITU-T recommendation 1.366.2 defines several profiles to be used with audio
algorithms G.711 (PCM) [19], G.726 (ADPCM) [20] and G.729 (CS-ACELP) [21,22,23]. The
audio algorithm G.729 is of particular interest, as it has been adopted as the default compressed
algorithm for use with non-secure military voice [6, 7). The Encoding Data Units, as well as,
predefined profiles settings for these algorithms are presented in Appendix A.
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In this section we have presented a description of the AAL2 standard as defined in the
ITU-T recommendation 1.363.2. In the next section we describe the network topology proposed
in the POST-2000 Tactical Communication Systems for NATO. The NATO Post-2000
communications architecture illustrates a network topology in which ATM links are established
over point-to-point wireless links. Usually these point-to-point wireless links are limited in

bandwidth and the AAL2 standard can be used to improve the bandwidth utilization.

2.3 Tactical Network Topology

One implementation example of the use of ATM over military tactical networks is the
POST-2000 Tactical Communications Systems for NATO [10]. The NATO Post-2000
communications architecture, as described in [10], is composed of four subsystems: the Local
Area Subsystem (LAS), the Wide Area Subsystem (WAS), the Mobile Subsystem (MS) and the
System Management and Control Subsystem (SMCS), shown in Figure 2.5.

Figure 2.5: NATO Post-2000 communications architecture.
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The Local Area Subsystem (LAS) is designed to support local and internal
communications for a geographically restricted group of communication nodes (e.g., the LAS
can be used to provide communications to the military headquarters). In addition the Local Area
Subsystem can provide access to the Wide Area Subsystem, it can be the interface to the
strategic networks and it can provide connection to commercial networks. The Wide Area
Subsystem (WAS) allows for the interconnection of distant LAS users over a tactical transport
system. The WAS can provide switching services at the network layer for LAS users crossing
LAS boundaries. The Mobile Subsystem (MS) is designed for communications between mobile
nodes. The MS can be operated as a stand-alone network or as part of the overall tactical
network. The System Management and Control Subsystem (SMCS) provides for network

management functions over the tactical network.

Due to the nature of tactical systems and the extended distances between WAS nodes, the
POST-2000 for NATO architecture supports the use of radio links. The transmission
characteristics of these radio links specify a throughput of 2 Mb/s as the maximum data rate for
transmission between WAS nodes. Furthermore, it is recommended that for a maximum
distance of 40 Km, radio frequencies between 1 GHz and 10 GHz should be used. The use of
satellite links using frequencies between 1 GHz and 20 GHz is recommended for distances that
are greater than 40 Km [10]. The distance between Wide Area Subsystems (WAS) and Local
Area Subsystems (LAS) is expected to be less than 10 Km; in this case radio frequencies
between 1 GHz and 10 GHz are expected to be appropriate. On the other hand, the radio link
between RAP and WAS/LAS nodes is expected to be in the range of 1 Km and therefore the
use of higher frequencies is recommended (e.g. EHF frequencies) [10].

From the NATO Post-2000 communication architecture, illustrated in Figure 2.5, we can
identify several point-to-point links which can benefit from the bandwidth udlization
improvement provided by the AAL2 standard. Recall, that the AAL2 standard improves
bandwidth utilization by multiplexing information from multiple sources. Therefore the AAL2
standard can be used in point-to-point wireless links, such as to interconnect two Mobile
Subsystems (via the Radio Access Points), to interconnect a MS and a LAS or to interconnect a

LAS with a WAS.
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This chapter has presented a description of the AAL2 standard, as defined by the ITU-T
recommendation 1.363.2. In additon we have illustrated how the AAL2 standard can be used to
improve the bandwidth utlization in point-to-point wireless ATM links, as illustrated in the

NATO Post-2000 communications architecture.

In Chapter 3 we present a study of the analytical models that are commonly used for the
characterization of the error-prone wireless links. The analytical models described in this chapter
are of great importance in the derivation of analytical expressions which are used in subsequent

chapters to evaluate diverse performance metrics of interest at the AAL2 layer.
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Chapter 3 Wireless Channel Characterization

3.1 Introduction

There are several publications related to the modeling of wireless channels. One very well
known model is the Jake’s model [24], which describes the fading process over the wireless
channel as a Gaussian process. However, for this type of models it is difficult to derive analytical
system performance parameters, which are of interest in the evaluatdon of a digital
communication system over wireless links [34]. Other well-known analytical channel models

include the Discrete Memoryless Channel (DMC) models and the Hidden Markov Models
(HMM).

Input Output

l1-p .l

Figure 3.1: Transition diagram of a Binary Symmetric Channel.

The Binary Symmetric Channel (BSC) model is a special case of the DMC models. Figure
3.1 shows a transition diagram for a BSC model. Under the BSC a discrete-time input sequence
Xy, Xy ...y X, Is mapped into a discrete-time output sequence y,, y,, ..., J,- 1he input sequence is
characterized by the elements of the input set X = {0, 1}, while the output sequence is
characterized by the elements of the output set Y = {0, 1}. In addition, the BSC model has an
associated set of conditional probabilities, which are related to the probability of observing a

specific output element y, given a specific input element x, as defined by,

Prly, =0|x, =1]=Pry, =1|x, =0]=p, O]
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Py, =1|x,=1]1=Prly, =0|x, =0]=1-p. ()

The BSC is memoryless in the sense that errors occur at random intervals with a constant
probability p [31]. However real wireless channels are subject to a varety of transmission
impairments such as fading, interference and noise. Some of these impairments exhibit a
significant degree of correlation [25], thus real wireless channels tend to have some memory,
which causes errors to occur in bursts. It is for this reason that HMMs are extensively used
throughout the literature [25 - 41] for the characterization of burst errors over error-prone
wireless channels. In this work, the bit error process over the wireless channel is characterized

by a HMMs unless specified otherwise.

Following the FSMC modeling approach, the wireless channel is characterized by a
discrete-time Markov chain C,, » 2 0, where C, is a random variable associated with the state of
the channel at ume instant #. Random varable C, is defined in an N-dimensional state space
S = {5, 5 5, ..., 5\}, wvhete N = 2. The time unit associated with the transitions in the Markov
chain can be defined to be equal to the transmission time of one bit, the transmission time of
one packet, or any other time unit frame of interest. In the context of this work, the time unit
associated with the transitions of the Markov chain model is assumed to be equal to the
transmission time of one bit, unless explicitly defined otherwise. Another characteristic of the
FSMC models is that each state 5, has an associated probability of bit errors, which is directly

related to the bit error process experienced at the receiving node.

The bit error process at the receiving node can be defined by a discrete-time random

variable E_, n 2 1, where

0 If » -th bit is not in error,
. = (3)

1 Otherwise.

In general, the bit error process E, depends on the state of the Markov chain at time
instants # — 1 and #. That is, the value of the etror process at the end of a transition from state

C

-1 = ito state C, = j depends on both states / and ; according to the probability distributions
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P =PrE, =1,C, =JIC,.,=17], “

P‘W =Pf[E. =O,C' =j|C‘.~I :i]:l_pu,_, (5)

where 7,/ € §.

The special case, were E, depends solely on C, or C, _, is most commonly used in
practice because it is easier to associate the parameter of the analytical model to the parameter of
the physical channel. The case where E, depends on C, only is considered in this work. In other
words, the bit error process E, is independent from the previous time instant C, _,. Then

Expression (4) can be re-written as

p; =PrE, =1,C, = j|C, _ =]
=PrE, =1,C, = /,C,_ =i]/PAC,, =]
=PrC, =qPrC, = j|C,, =PAE, =1|C, = j,C,_, ={]/PrC _, =]
=PrE, =1|C, = /IPrC, = /j|C,_ =]
=pNPrIC, =/|C, =], ©)

where p.(j)= PAE, =1|C,=/],0< p{;) < 1. That is, given that the state of the channel
during the transmission of the n-th bit is j, C, =/, then the n-th bit in the bit-stream of

information is in error with probability p( ;).

Figure 3.2 shows a simplified block diagram for the wireless channel where X, represents
the information bits transmitted, at time instants #» = 1, 2, 3, ..., over the wireless channel. The
received information bits are represented by Y, = X, ® E,, where © is defined as the modulo-2

addition.
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Wireless Channel

Ty {X.} o1 FSMC state {Y,=X,®E,},,
{Cn}nZO—> {En}nZl

Figure 3.2: Wircless channel block diagram.

In this chapter, two approaches are presented for the characterization of the wireless link
using FSMC models. One of these approaches is centered in modeling the bit error process at
the receiver by statistically characterizing the “birth” and “death” process of the burst-error and
error-free events. The Gilbert-Elliott model [27, 28] is a common example of this approach. The
second approach characterizes the bit error process at the receiver by modeling the physical
dynamics of the fading process. This last approach is considered a more general model for the
charactenization of the error process, as the burst-error and error-free events are a function of

the fading dynamics of the wireless link.
3.2 Gilbert-Elliott Model

The Gilbert-Elliott model is characterized by a two-state (N = 2) Matkov chain C,
n 2 0, where C, is a random variable associated with the state of the channel at time instant ».

Figure 3.3 shows the state transition diagram for the Gilbert-Elliott model.

Poi

Pio

Figure 3.3: Gilbert-Elliott channel model.
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Under the Gilbert-Elliott model, the physical channel assumes one of two states. One
state is associated with a low probability of bit errors (state 0 or “good” state), while the other
state is associated to a high probability of bit errors (state 1 or “bad” state). Thus, each state has

an associated error probability P(£), £ = 0, 1.

The original model proposed by Gilbert [28] assumed a probability of bit error equal to
zero for the “good” state (i.e., P(0) = 0) and a non-zero probability of bit errors in the “bad”

state (Le., P(1) # 0). Later, Elliott generalized Gilbert’s model by allowing a non-zero error
probability for the “good” state (i.e., P(0) # 0) [27). In the generalized Gilbert-Elliott model the

probability of bit errors in the “good™ state is assumed to be lower than in the “bad” state (i.c.,
P(0) << P(1)). It should be noted there is an associated BSC to each state s, of the Gilbert-
Elliott model.

The state error probability vector P, is defined as,
P=[r@ ). )
The transition probability matrix, P, of C, 720, is composed by the elements p,, where p,

is defined as the probability of a tansition from state / into state /. The transition probability

matrix, P, is denoted by

P!l) PU]
P= , 8
l:Pm Pn:l ®

and the stationary probability vector & is given by

plﬂ pﬂl
r=|7, 7 |= . 9
| [A,|+/>.., Pon +pm] O

The steady state channel bit error rate (BER), ¢, of the Gilbert-Elliott model is given by
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where P (£) is the channel etror probability in state £.

For Matkov chain C,, 7 2 0, the time spent in the state 1 (0) is geometrically distributed
with mean 1/p,, (1/p,,). The mean burst length, 7, for the model is considered to be the time
spent in the state 1, and is given by 7= 1/p,,,

Channel State Channel State

|< C. =0

01 2 3 ..
k £+1 k &+l
Ei=0and Y, =X, ®E, = X, E,=1and Y, =X,®E,
#-th bit at receiver output is error-free #-th bir at receiver output is in error

Figure 3.4: Sample realization of the bit etror process E,, n2 1.

From the definition of the Gilbert-Elliot channel model it is easy to observe that the bit
error process E, at the receiver becomes a function of the channel state C, » > 0, during which
bit errors occur randomly with probability P,(£), £ = 0, 1. Figure 3.4 shows a sample realization
of the bit error process E,, n 2 1. For a given channel bit error rate, &, and selected values of
P,0) and P(1) the Expressions (8) and (9) can be represented in terms of the mean burst length,

T
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The Gilbert-Elliott model is used extensively through out this work, as it provides a
simple and suitable analytical work frame to derive performance metrics of interest for the
transmission of AAL2 packets over wireless ATM links. It should be noted that the Gilbert-
Elliott model is a simple 2-state Markov chain. However simplified models often provide
enough insights into the underlying principles of the systems behaviour, which may be obscured
by dealing with a myriad of details in more elaborate, though more accurate, models. Using the
Gilbert-Elliott model it is easy to observe the system behaviour as a function of the burst error
length 7 for a given channel bit error rate, & Nevertheless, it is some times more useful to
characterize the wireless channel using more elaborate models. Such is the case when modelling
a system with diversity. For this type of channels (i.e., channels with diversity) it is not a straight
forward issue to statistically characterize the “birth” and “death” process of the burst-error and
error-free events. Under this situation, it is more useful to characterize the fading dynamics of
the channel using an N-dimensional Finite State Markov Chain model to characterize the fading

dynamics of the channel. Section 3.3 deals with the characterization of such wireless channels.

3.3 Modeling the Fading Dynamics of the Channel

The second approach for the characterization of the wireless channel is by defining a

Finite State Markov Chain (FSMC) as a function of the fading process. A FSMC model can be
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derived from the fading dynamics of the channel by appropriately partitioning the dynamic
range of the received Signal-to-Noise Ratio (SNR), v, into a finite number, N, of non-
overlapping intervals, such as, [0, ¥,), [, ¥2), - -, [Yx.1» Ya), Where 7y — o0 [29]-[30], as shown in
Figure 3.5. Each of the non-overlapping intervals represents a state in the resulting FSMC model

and the channel is said to be in state 5, if Y € [y,.,, Y.)-

[ )
L~ .
Y S f\\ //
™ AV v .
Yy \ ] 1
T I
!
Fading SNR, y l‘
. +
Yl T

Time

Figure 3.5: Partitioning of the fading dynamic range.

The FSMC model, which characterizes the fading dynamics of the channel, is uniquely
defined by the transition probability matrix P, the steady state vector ® and the state error
probability vector P.. The transition probability matrix, P, is defined as an N x N matrix with

elements P» 4/ € {1,2, ..., N}, where p; is defined as the probability of a transition from state /

into state /, and is given by

7[ 7, ’ ” ' ”
b= Prlye, <Y <¥oy,0 <7 <v)] - L L Jre (Y )dy'dy
N e [ s
Yl-I

, (14)
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where f-r~(Y', ¥') is the joint probability density function (jpdf) of I’ and I'”, £~ (y) is the
probability density function (pdf) of I”’, and I'", [ are random variables defining the fading

instants of interest.

According to [30] the partiioning of the fading dynamics of the channel can be derived
from the steady state probabilities of the FSMC model, which are evaluated following a
recursive algorithm that is given by

1
m=12vo1 T (15)
2-m, -1 £=2,..,N

The state error probability vector, Pe, is composed by the elements P(k), £=1,2, ..., N.
It should be noted that the error probability P.(£), associated to each state s,, 1s a function of the
statistical time varying nature of the fading channel. That is, P(£) can be defined in terms of the
probability density function that characterizes the statistical fading dynamics of the channel.

Then the state error probability P,(£) is given by
1 T4
Pgy=—[" fir)-etndy, (16)
P -1

where pr(y) is the probability density function (pdf) of the SNR (y), and e(y) represents the error

probability as a function of the SNR (y), which is closely related to the
modulation/demodulation scheme.

Table 2: Bit error probability &(y) for different modulation schemes.

Modulation Scheme «y)
Binary Phase Shift Keying (BPSK) olyzy)
Quadrature Phase Shift Keying (QPSK) Q(\/Z)
Coherent Binary Frequency Shift Keying (BFSK) oly¥)
1
Non-coherent Binary FSK Eex[{_ %)
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The probability of bit error, ¢(y), can be evaluated for many modulation schemes over
Additive White Gaussian Noise (AWGN) and can be defined in terms of the Q-function, which
is given by,

olx)= rﬁen{—%) dx. a7

Table 2 shows the error probability, e(y), for some common modulation techniques [42].
3.4 Modeling of Flat Fading Channels

The analytical characterization of the wireless channel can be achieved by implementing a
FSMC model, as described in Sections 3.2 and 3.3. In particular, Section 3.3 describes the
denivation of a FSMC based on the dynamics of the fading process (i.e., it is related to the

statistical time varying nature of the fading signal).

Based on the multipath time delay spread characteristics of the fading channel, the
channel will behave as a flat fading or frequency selective channel. As defined in [42), “if a
mobile radio has a constant gain and linear phase response over a bandwidth which is greater
than the bandwidth of the transmitted signal, then the signal will undergo flat fading”. Similarly
from [42], “if the channel possesses a constant-gain and linear phase response over a bandwidth
that is smaller than the bandwidth of the transmitted signal, then the channel creates frequency
selective fading on the received signal”. In addition, based on the Doppler spread a channel can

be classified as a slow fading or fast fading channel [42].

In this work we are concerned with the flat fading channels. This section presents some of
the most common probability density functions that are used to characterize the fading

dynamics of the flat fading wireless channels.
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3.4.1 Rayleigh Model

The Rayleigh distribution is commonly referred to model multipath fading with no direct
line-of-sight (LOS) path. This model describes the statistical time varying nature of the fading
amplitude, a, of the reccived signal over a flat fading channel. The probability density function

(pdf) of a Rayleigh distributed random variable A, is given by [43, Eq. (2.6)]

fA(a)=2Eaexp(—%J, a20 (18)

where Q=a’ is the mean-square value of the fading amplitude a. Figure 3.6 shows the pdf of

a Rayleigh distributed random variable, the plot assumes a normalized mean-square value, that

15, Q2=1.

Figure 3.6: The pdf of a Rayleigh distributed random variable.
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Some umes it is more convenient to work with the pdf of the SNR, y, which is
proportional to the square of the signal amplitude, a. The pdf of a Rayleigh distributed random
varable I, is given by [43, Eq. (2.7)]

fr(Y)=%eXr{—%). Y20 (19)

where ¥ = E[r].

3.4.2 Nakagami-n (Rice) Model

When there is a dominant stationary (direct non-fading) signal component present, such
as a line-of-sight (LOS) propagation path, the small-scale fading amplitude distribution of the
signal amplitude, a, follows a Nakagami-» (Rice) distribution. The probability density function
(pdf) of a Nakagami-» distributed random variable, A, is given by [43, Eq. (2.15)]

. 2(1+n%)e™ 1+ 7% )’ 14n°
./A ((1) = %exp[_ (_'F:)i:ll,,[bza -;2” ], a0 (20)

where /() is the zero-order modified Bessel function of the first kind, and # is the Nakagami-»

fading parameter, which ranges from 0 to . The Nakagami-» fading parameter # is related to
the Ricean K factor by K = #* [43]. Figure 3.7 shows the pdf of a Ricean distributed random

variable, the plot assumes a Ricean factor equal to K = 6 dB and a normalized mean-square

value Q2 = 1.

The pdf for the SNR of a Nakagami-# distributed random variable T, is given by [43, Eq.
(2.16))
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W

Figure 3.7: The pdf of a Rice distributed random variable.

3.4.3 Nakagami-m Model

The Nakagami- distribution arises as an approximate solution to the general problem of
the distribution of the magnitude of the sum of random vectors [44], whereas the Rayleigh and

Ricean distributions are the particular solutions to the above problem [45].

One interesting characteristic of the Nakagami-m distribution is that it includes the
Rayleigh distribution, as a special case (w = 1), and it also approximates the Ricean and
Lognormal distributions [29). Thus, the analytical derivations following the Nakagami-m
distribution can easily be generalized to evaluate the Rayleigh and the Ricean fading channels.
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The probability density function (pdf) of a Nakagami- distributed random variable, A, is given
by [43, Eq. (2.20)]

o (Y [ mat
Sfila)= ) (Q) tp[ o J, a0 22

where 7 is the Nakagami-m fading parameter, which ranges from ¥z to . Figure 3.8 shows the

pdf of a Nakagami- distributed random variable, the plot assumes a normalized mean-square

value Q = 1.

a5t

-
T

at

43 5

Figure 3.8: The pdf of a Nakagami-m distributed random variable.

The pdf for the SNR of a Nakagami- distributed random variable I, is given by [43, Eq.
(2:21))
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P Al . |
jr(y)—7_r(m)ex 7). Y20 (23)

The Nakagami-» fading distribution can approximate the Nakagami-» (Rice) distribution
by appropriately mapping the Ricean fading parameter r to the Nakagami-» fading parameter m.
This mapping is given by [43, Eq. (2.26)]

1+ )
m=-——7.
1424

n20 24)

The Nakagami-» distribution is of special interest in this wortk, as it is possible to
statstically characterize a diverse number of flat fading distributions, as previously described
(ie., Rayleigh, Rice and Lognormal distributions). It is for this reason that the derivation of the
FSMC models required for the characterization of the fading dynamics of the wireless channel

(e.g., in the analysis of channels with diversity) are based on the Nakagami- distribution.
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Chapter 4 Performance Analysis of AAL2 over WATM

4.1 Introduction

The ATM Adaptation Layer 2 has been standardized by the ITU-T for the support of low
data rate and delay sensitive traffic over ATM networks. Throughout the literature there are
several research studies dealing with the performance of the AAL2 standard [46 - 54). However
most of these studies focus on how the AAL2 standard improves bandwidth utilization, as
compared to other ATM adaptation layers, such as the AALL, the AAL3/4 or the AALS [46, 47,
53]. Other studies focus on other performance metrics, such as, packetization delays or the
optimization of AAL2 related parameters, such as the Timer_CU, aiming to improve the

efficiency of the AAL2 standard (13, 14, 48, 52).

The AAL2 standard defines a new frame structure within the payload of the ATM cell and
as a result the AAL2 standard introduces a mechanism for the delineation of AAL2 packets in
the ATM payload. The delineation of the AAL2 packets is achieved by relying on the
information that is provided as part of the STF and the CPS-PH (i.e., the AAL2 packet header)
fields. Some of the ATM and AAL2 headers provide for limited error correction capability, such
as the HEC field in the ATM header, while other header fields (e.g., the STF and the CPS-PH)
do not provide for any error correction support. For example, the STF field has a single parity
bit. This parity bit provides an extremely limited error control capability (e.g., a single parity bit
cannot detect an even number of bit errors over the STF field). On the other hand each AAL2
packet has a 3 byte CPS-PH and each CPS-PH is composed by a 5-bit HEC field. The HEC
field in the CPS-PH is not capable of correcting bit errors in the AAL2 packet header.

In this chapter, we are concerned with evaluating the performance of the AAL2 standard
over an error-prone channel. The error-prone channels, such as wireless links, will introduce bit
errors in the structure of the ATM and the AAL2 frames and the ATM and the AAL2 header
fields are exposed to these channel impairments. Thus we are interested in deriving analytical
expressions to evaluate performance metrics of interest (e.g., the loss probability) at the AAL2

layer.
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This chapter is divided into five sections. Section 4.2 presents the analysis for the
derivation of performance metrics of interest at the AAL2 layer over FSMC models. In Section
4.3 the numerical results over the Gilbert-Elliott channel are presented to evaluate the
performance of the AAL2 standard over an error-prone channel. Section 4.4 presents the
simulation results to validate the accuracy of the results obtained under the analytical derivation
presented in Section 4.3. And Section 4.5 presents a brief summary of the analysis and the

results presented throughout this chapter.

4.2 Performance Analysis of the AAL2 standard

The analysis of the AAL2 standard over FSMC channel models presented in the sequel
considers the generic AAL2 CPS-PDU structure shown in Figure 4.1. The maximum number of
CPS packets that can be accommodated in the CPS-PDU payload depends on the size of the
CPS packets. Because the AAL2 standard allows for a CPS packet to be mapped across CPS-
PDU payload boundaries, the CPS-PDU payload may include M’bits between the beginning of
the first AAL2 packet and the STF field, as illustrated in Figure 4.1. That is, if the size of an
AAL2 packet is greater than the available space in the CPS-PDU, then the AAL2 packet will be
mapped to a subsequent CPS-PDU in another ATM cell.

H, H, H, P, I, r, H,, Py

Header bits | (3 bytes) (3 bytes) (3 bytes) CPS Packet

ATM | oy | M [CPSPH| Cps pp [vee|/CPS-PH| Cps pp [vee[CPS-PH| cps.pp | Padding or Partial ‘!

| ‘ Packet 1 . I I Packet w . I | : Packet A l

Figure 4.1: Standard AAL2 CPS PDU structure.

It should be noted that the analysis presented in this section applies to CPS packets that
do not extend beyond the boundaries of the CPS-PDU, that is M’ = 0 bits. This assumption is
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important in the derivation of closed form exptessions for performance metrics of interest at
the AAL2 layer.

The analysis begins by defining some useful notation. For convenience, the following

notation is used to denote the different fields in the ATM cell structure depicted in Figure 4.1:
® H, indicates the ATM cell header of size N, bits (N, = 40),
® H;indicates the Start Field, STF, of size N; bits (N, = 8),

® H, 1<m< M, indicates the header of CPS packet 7 of size N, bits (N, = 24),

”

e P, 1<m<M,indicates the payload of CPS packet  of size L, bits.

L

® M’is equal to the number of bits from a CPS packet that has exceeded the boundaries of

the previous CPS-PDU.

It is assumed that the payload of an AAL2 CPS packet is successfully delivered to the next
higher layer when all the relevant header and control fields in the ATM cell and the CPS-PDU
are correct. That is, successful delivery of an AAL2 packet takes place when these fields are
error-free or subject to correctable errors, whenever error correction is applied (as may be the
case, for example, with the ATM cell header). The term “relevant headers” is defined as those
headers on which an AAL2 packet must rely for it to remain delineated within the ATM
payload. A CPS packet is considered lost (discarded) when at least one of the relevant
header/control fields is subject to uncorrectable errors. For example, the CPS packet payload P,
is considered lost when any of the headers H,, H;, ot H, is corrupted by errors. Similarly, the
CPS packet payload P, is lost when any of the headers H, Hg, H,, or H, is corrupted. On the
other hand, the CPS packet 1 is not affected by bit errors over the header of any subsequent

AAL2 packets, as illustrated in Figure 4.2. In other words, the delineation of any given AAL2

packet m is not lost if H, ¥V n > m is corrupted by bit errors.
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Figure 4.2: Delincation lost in the CPS-PDU.
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The analysis presented in this section also accounts for the impact of undetectable errors
on the performance of the AAL2 standard. Undetectable bit errors in the ATM or the AAL2
cell structure are treated as a special case of uncorrectable errors. This is explained by the fact
that the analysis relies on the bit error process over the channel at the physical layer, which is
characterized in this case by a FSMC model. In this way, undetectable errors at the ATM or
AAL2 layers are only the result of multiple bit errors (more than the error correcting capability
of the header error control mechanism); this case is accounted as an uncorrectable error case. In
other words, the bit error process (as evaluated in the analysis) is observed at the physical layer.
Therefore bit errors that may result in undetectable errors at higher layer are treated as bit errors

that result in uncorrectable errors.

The following random variable definitions are associated with the CPS packets that are
carried in the payload of an ATM cell and will be used through the analysis:

e f,is equal to zero (0) if the CPS packet m is successfully delivered to the next higher

layer. On the other hand, B, is equal to one (1) if the CPS packet m is not successfully
delivered to the next higher layer, due to corrupted ATM or AAL2 headers. For

example, ff; = 0 when the payload P, is delivered to the higher layers and B, = 1 when
the payload P, is discarded at the ATM or the AAL layer.

® £, denotes the number of errors in CPS packet payload P,.
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The joint probability of B, and £, is useful in the derivation of performance metrics of
interest at the AAL2 layer.

When the channel is characterized by 2 FSMC model, the physical channel assumes one of
N possible discrete states, each having an associated error probability P(£), £ = 1, 2, ..., N.
Transitions on a N-dimensional state space § = {s,, s, 5, ..., 5y} take place according to a N-

state discrete-ime Markov chain C,, » 2 0, where C, is a random variable that denotes the
channel state at time instant #. The analysis is facilitated by defining @,(£, n) as the probability
that exactly £ bits are in errorin 0, 1, ..., # — 1 time-units and the channel state at time instant »
is j (ie., C, =) given that the channel state at time instant 0 was /, (i.e., C, = /) [40]. Thus, ¢,(£,

n) is defined as,

¢;(kn)=PriC, = j,U, =£|C, =], (25)

where U, is defined as the number of errors in a sequence of » bits, U-‘_‘in and E; i1s a

=1
random variable which takes a value equal to 0 if the /~th bit is error-free or a value equal to 1 if

the 7 -th bit is in error.

The probabilities ¢,(£, 7) can be easily evaluated for # >0, 0 < £ < 7 in a recursive manner:

¢;(km)=PriC, = j,U, =£|C, =i]

=ZiPr[C, =j,Cn-l =”1,U. =k’E. =k'|C" =’]

meS k'=0

1
=YY PAC, = j.C,, =mU,, =k-k.E,=K|C, =i]

meSk'=0

1
=YY PAC,, =mU,, =k=K£'|C, =ilPriC,= j,E, =#¥|C,_, = m]

meS k'=0

=3 S 4. (- n~1PFC, = J.E, =£|C.., =m]

meS k'=0

= . ,é,n—l o hk-ly -1 | L
?;s{"’“( )P + 8 (k=11=Dp,.. } 26
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whete p,,,, and p, ,; define the probability that C, = / (i.e., the channel state at time unit » is ))
given that C, _, = m (i.e., the channel state at time unit » — 1 is ) and E, is equal to 0 or 1

respectively. These probabilities are evaluated by the Expressions (4) and (5).

Expression (26) can be use to keep track of the state of the channel, as well as, the

number of error occurrences £ in a block of 7 bits. Expression @®(k,n) will be used to denote
the matrix with elements @,(&, 7), ;,j € 5, 72 0,0 < £ < n. Matrix ®(k,n) can be computed by
using the following recursive algorithm: for » = 0, £ = 0, ©(0,0) =1, where I is the identity

matrix. For n > 0,

D(k,n-1)A, k=0
®(k,n) ={®k,n-1)A, +D(k-1,n-1)A, 0<k<n, @7
Pk -1,n-1)A, k=n
where A and A, are defined as
A,=(I-D,)P, A =D,P, (28)
where P is the transition probability matrix and D, is defined as
D, = diag{P(1),P(2),..., P(N)}. (29)

Matrix A, accounts for the probability of no error occurrence after a one step transition,

while matrix A, accounts for the probability of error occurrence after a one step transition.

The joint probability distribution of B,, and £, is given by Prif,, £,] and it can be easily

evaluated as follows:
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iulli(i,NAmo,Ns)P” OO, N J(¢, L )e m=1

PAB, =0k, =€}=1 , = -l > (30)
2 n®(, N, )OO, N,)P [0, N, )P “®O,N )¢, L )e 1<msM
PrB, =1k, =€)=a®(¢, L, Ye—Prip, =0k, =¢], 31)

’

whete T =[x, 7, ..., 7] is the steady state probability vector of C,, P* is the M “step transition

probability matrix and e = [1, 1, ..., 1] " is the unit column vector.

The single bit error correcting capability of the standard ATM HEC code is assumed in
the derivation of the expressions above as reflected by the choice of values for index 7 in
Expressions (30). That is, the HEC field in the ATM header is capable of correcting up to one
bit in error. On the other hand, the STF as well as the CPS packet header, as defined in the ITU-
T standard [12], do not provide for any error correction capability. It is assumed that a single bit
error in the STF will disrupt the CPS packet delineation process causing the discard of the entire
CPS-PDU payload.

The joint probability distribution PAS,, £,] for a Binary Symmetric Channel (BSC) can be
obtained from Expressions (30) and (31) by replacing the occurrences of matrix ®(k,n) by the
scalar quantity ®(&,7), which represents the probability that there are £ errors in 7 bits.
Expression ®(£,7) is denoted by a binomial distribution and is given by

L -t
O(k,n) = (k) e(=-¢e)"", (32)
where £1s the channel bit error rate.

Then for a Binary Symmetric Channel, as defined in Section 3.1, Expressions (30) and (31)

become:
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PAB. =0k, = 1= Y 0N, Jolo. N, ) Tolo. N, Jo(e.L, ), 69

PrAB. =1k, =¢|=®(¢,L)-PrB, =0,k =¢]. (34

The joint probability distribution Pr{f,, £,] can be used to evaluate several performance
metrics of interest at the AAL2 layer. Define the mini-Cell Loss Rate (m#CLR) as the probability
that a CPS packet is lost due to uncorrectable errors in the ATM header, in the STF or in the
CPS packet’s header. Then the mini-Cell Loss Rate for the m-th AAL2 packets is just a marginal
probability of Expression (31) and the mini-Cell Loss Rate for CPS packet  is given by

L,

mCLR, = PrB, =1]=> PriB, =1k, = ¢], (35)

=0

where L, is the size of the payload of the m-th CPS packet. The #CLR can be used to evaluate
the proposed ATM or AAL2 header protection schemes.

Another metric of interest is the probability of errors that is observed in the payload of
those AAL2 packets that are not lost or discarded at the ATM or the AAL2 layers. Define the
mini-cell Payload Error Rate (wPER) as the probability of errors in the payload of the CPS
packets that are delivered by the AAL2 layer to the higher layers. Then the #PER is equal to the

rate of bit errors bt in the CPS packet payload given that the header/control fields (that affect

the delivery of the CPS packet payload to the higher layers) are correct. The rate of bit errors 4
over the payload of the m-th AAL2 packet can be evaluated as the ratio between the average
number of payload bit errors and the length of the CPS packet payload,

L,
br: =l2e-mﬂ, =0k, ={]. (36)

'w (=0
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The probability that the ATM and the AAL2 header fields are not corrupted by bit errors is
given by the marginal probability,

PrB, =0]=Y PriB, =0k, = 1. 37)

(=0

Then, the mini-cell Payload Error Rate for CPS packet  is given by

L,
Y 2-Prip, =0k, =1
mPER, == : (38)

LY PrB, =0k, =¢

=0

Finally, the mini-cell Payload Bit Error Rate (wPBER) is defined as the probability of
errors seen by the higher layers, as a result of bit errors in the payload of non-discarded CPS
packets and lost bits due to the discard of CPS packets. The probability of bit errors observed in
the payload of non-discarded AAL2 packets is equal to the rate of bit errors in the payload of
non-discarded AAL2 packets as defined in Expression (36). On the other hand, the probability
of bit errors observed by the user of the AAL2 layer as a result of discarded AAL2 packets is
equal to the probability of the AAL2 packets being discarded due to corrupted header fields, as
defined in Expression (35). Then the mini-cell Payload Bit Error Rate for CPS packet  is given
by

mPBER, = i[mﬁ, =1,k, = 0]+ {—Pr[ﬂ, =0,k = el]

=0 '~

(39)

L,
= mCLR, +11—Z£-Pr[ﬂ. =0,k =1].

w (=1}

The mPBER provides an overall picture of the probability of bit errors experienced by the
higher layers as it evaluates the combined impact of bit errors on the headers and the payload of
the ATM and AAL2 frame structure. Then, mPBER can be used to evaluate the QoS
requirements for the users of the AAL2 layer.
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4.3 Performance Analysis of AAL2 over the Gilbert-Elliott Channel

In this secuon the numerical results for the performance metrics »CLR, mPER and
mPBER, derived in Expressions (35), (38) and (39), are presented for the Gilbert-Elliott model.
The CPS-PDU structure shown in Figure 4.3 is considered for the evaluation presented here in.
The performance analysis assumes that the ATM cell does not carry information bits from a
previous CPS packet (i.e., the analysis assumes that AAL2 packets cannot be mapped beyond
the boundaries of the CPS-PDU and therefore M’ = 0) and CPS packets are assumed to be of

equal size. The channel BER for the Gilbert-Elliot Channel is £ = 10” and the state etror
probabilities are equal to P(0) = 0 and P(1) = 0.5. Appendix B, Section B.1 presents the
derivation of the Gilbert-Elliott model parameters that were used to derive the numerical results

presented in this section.

i, H i, P, H, r, fy, P,

ATM | g | A [CPSPH| cps pp [eee|CPS-PH| (pg pp loee|CPS-PH| cpg pp | Padding or Partal “l

' Header bits | (3 bytes) (3 bytes) (3 bytes) CP5 Packet

| ‘ Packet 1 : | I Packet m l Packet M I

Figure 4.3: CPS-PDU structure used for numerical analysis.

Since one of the main characteristics of the AAL2 standard is its ability to multiplex
information from multiple sources, it is of interest to study the performance of the AAL2
standard over the burst error channel for CPS packets with different payload (CPS-PP) sizes.
There are several applications that have the characteristic of generating information that will
result in AAL2 packets of variable size. For example, the ITU-T standard 1.366.2 [18] defines
several profiles that can be used for the transport of audio encoded data using the AAL2
standard. In Appendix A additional information is presented with respect to the standardized
profiles for different audio encoders for the AAL2 standard.

The analysis presented in this section assumes CPS packets with different CPS-PP size,
such as, CPS packets with payload size of 24 bits (small payload), 96 bits (intermediate payload)
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and 352 bits (large payload). The selection of a CPS-PP of 24 bits corresponds to the case with
50% overhead for each CPS packet, and the number of complete CPS packets within the CPS-
PDU is seven (i.e., M = 7). The selection of CPS-PP equal to 96 bits corresponds to the case in
which only three (ie., M = 3) CPS packets fit completely within the CPS-PDU. Finally the
selection of CPS-PP of size 352 bits corresponds to the case where one (i.e., M = 1) CPS packet
fills the entire CPS-PDU payload.

The numerical results, in this section, are evaluated as a function of the mean burst length

7. The mean burst length 7 is defined as the average time the channel, characterized by the

Gilbert-Elliott model, is in the “bad” state (see Section 3.2). In the Gilbert-Elliot model the

mean burst length 7is defined to be equal to
r=1/p- (40)

where p,, is defined as the probability of a transition from state “1” to state “0” (i.e., the

probability of a transition from the “bad” state to the “good” state).

Figure 4.4 shows the performance results, as a function of the mean burst length 7, for
each of the CPS packets in the CPS-PDU for the case CPS-PP of size 24 bits. For this case, the
number of CPS packets that completely fill the CPS-PDU payload is M = 7.

From Figure 4.4 it is clear that the error performance, with respect to all metrics, improves
as the mean burst length 7 increases. As the value of 7 increases (z = o), mCLR and mPBER

reach a limit, which can be shown to be equal to
mCLR() =1-, -, {[1- PO + N, POt - PO [ ~ PO, @1)

while metric #PER decreases monotonically. This performance behaviour is attributed to the
analytical model (Gilbert-Elliott) used for the characterization of the burst channel, as explained

below.
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Figure 4.4: Performance metrics for CPS-PP size of 24 bits.
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For large values of the mean burst length 7, the average time the channel model (i.e., the
Gilbert-Elliott model) spends in the error-prone state (i.e., the “bad” state) increases. Similarly
the average time the channel model spends in the error-free state (i.e., the “good” state) also
increases, as the channel model BER is fixed. In the same way, as the mean bursts length 7
decreases the average time the channel model spends in the error-prone and error-free states
also decreases. Then large values of the mean burst length 7 result in long, but infrequent, bursts
of errors. Similarly, small values of 7 result in small, but frequent, bursts of errors. An illustrative

example of the error process for large and small values of 7is shown in Figure 4.5.

v

<4— Error Burst —d < Error-free Event

I I F

Clldiscardprocess | ) | @ | & | @ | & | @ | @ | ® | ® |

(a) Channel with large mean burst length t

Cdiscardprocess | | @ | @& | & | & | © [ o | ® [ ® ]
(b) Channel with small mean burst length t

GIREES! Burst-error Event [: Error-free Event

E:] Discarded cell ‘ Corrupted ATM Header

Figure 4.5: Burst error process.

For small values of 7, the ATM/AAL2 bit stream is affected by short and frequent error
bursts, thus the probability of a header/control field being corrupted by errors, i.e. the m»CLR,
increases. Therefore, the mCLR petformance degrades as 7 dectreases. For example, Figure 4.5
shows two events in which an ATM cell stream is exposed to an error-prone channel and
therefore some bits are corrupted by bit errors. Figure 4.5(a) illustrates the case where the bit
error process is characterized by long, but infrequent burst errors. On the other hand Figure

4.5(b) illustrates the case where the bit error process is characterized by small, but frequent burst
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errors. It should be noted that the channel BER is the same in both cases. From Figure 4.5(b) it
is clear that the probability of a lost AAL2 packet (as a result of a greater number of lost ATM

cells) is greater for small values of 7.

On the other hand, the performance behaviour of metric #PER, illustrated in Figure

4.4(c) can be explained as follows. For long error bursts spanning several ATM cells (large 7),
the discarded CPS packets will very likely have several payload bits in error. Similarly, CPS
packets that are not discarded will likely have error-free payloads. For example in Figure 4.5(a)
(Le., for a large mean burst length) the ATM cells 3, 4, 5, 6, 7 and 8 are not discarded and their
corresponding payloads are error-free. On the other hand for a small mean burst length,
illustrated in Figure 4.5(b), the ATM cells 2, 4, 6 and 8 are not discarded; however their payloads
are corrupted by bit errors as illustrated by the error process. In this way, for large values of 7,

the payload of the CPS packets delivered to the higher layers is more likely to be free of errors,

and therefore performance metric #PER decreases as the mean burst length 7increases.

The Figure 4.6 shows the performance results for each of the CPS packets in the CPS-
PDU for the case CPS-PP of size 96 bits. In this case, the number of CPS packets that
completely fill the CPS-PDU payload is M = 3. It is interesting to note that the performance
results for metrics #»CLR and mPBER, shown in Figure 4.6(a) and Figure 4.6 (b) respectively, are
similar to the results presented for the first three AAL2 packets with CPS-PP of size 24 bits,
shown in Figure 4.4. This result is cleatly related to the interdependency that exists between the
AAL2 packets within a CPS-PDU, as a result of the delineation mechanism defined in the AAL2
standard. From the performance metric #»PER, shown in Figure 4.6(c), it can be observed that
the probability of errors on the payload of non-discarded AAL2 packets reaches the value of
10° for a mean burst length of 7= 5000 bits. On the other hand for the AAL2 packets with

CPS-PP of size 24 bits, metric mPER reaches the mark of 10° for a 7 = 1500. That is, the
probability of bit errors in the payload of non-discarded AAL2 packets is greater for CPS-PP of
size 96 bits than that of CPS-PP of size 24 bits. Figure 4.7 shows average performance results
for all CPS packet sizes under consideration. From Figure 4.7(a) and Figure 4.7(b) it is observed
that performance with respect to #CLR and mPBER improves for large CPS packet payloads.
That is, the probability of losses is reduced for the ATM cells that carry CPS packets with large
payloads.
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Figure 4.6: Performance metrics for CPS-PP size of 96 bits.
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For large CPS packet payloads the number of CPS packets that can be carried in the CPS-
PDU decreases and so does the number of CPS packet headers, thus the probability of
corrupted headers affecting CPS packet delineation is reduced, resulting in a decrease of CPS
packet losses. Figure 4.7(c) shows the performance metric mPER for CPS packets of different
payload size. Contrary to the behaviour exhibited by the performance metrics #CLR and
mPBER, the performance with respect to metric #PER improves for CPS packets with small
payload size. By definition, the metric #PER is associated with the rate of errors in the CPS
packet payload given that the header/control fields are correct, and thus, metric #PER is a
function of the error process affecting the CPS packet payload and the probability of errors in
the CPS packet payload increases with the size of the payload. From these results it is clear that
a system implementation using large CPS packet payloads will result in a reduced #CLR at the

expense of increased mPER and packetization delays.

4.4 Performance Analysis Validation

Section 4.2 presented the performance analysis of the ATM Adaptation Layer 2 standard
over a link characterized by a FSMC model and several performance expressions were derived
to evaluate metrics of interest at the AAL2 layer. In Section 4.3, the numerical results were
presented for the performance evaluation of the AAL2 standard over the Gilbert-Elliott channel
model. However, it should be noted that the analysis presented in Section 4.2 relies on the
transport of AAL2 packets that are not mapped beyond the boundaries of a single CPS-PDU.
This assumption was introduced to simplify the derivation of closed form expressions, which
are used to evaluate the performance metrics of interest at the AAL2 layer. Nevertheless, the
AAL2 standard does allow for a single AAL2 packet to be mapped beyond the boundaries of a
CPS-PDU (i.e., an AAL2 packet may be carried by one ot two ATM cells). It is therefore
important to evaluate the accuracy of the results derived from the analytical derivation presented

in Section 4.2 and compare them with a “more realistic” implementation of the AAL2 standard.

This section presents the performance tesults obtained using the Network Simulator (ns-

2) tool [55]. The simulation assumes two ATM nodes exchanging information over a FSMC
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modelled link. Figure 4.8 shows a block diagram of the network architecture implemented in the

ns-2 simulation.

ATM Tx Node ATM Rx Node

— ]
| 1

Agent

Traffic Generator ‘I

ATM/AAL2 Agent —l ATM/AAL2 Agent | |
! i | '
Physical Layer B
FSMC Error Model
L

Figure 4.8: Block diagram of the ns-2 network architecture.

At the sender the Traffic Generator Agent generates 470 bytes of data every 4.24 ms.
Recall that under AAL2 the first byte of the ATM payload cotresponds to the Start Field (STF),
thus 10 ATM cells are generated every 424 ms. The ATM/AAL2 Agent receives the
information from the Traffic Generator Agent and encapsulates the information according to
the standard AAL2 frame structure. Later the information is sent by the ATM/AAL2 Agent to
the physical layer and transmitted over the link at a data rate of 1 Mbits/s. The size of the AAL2
packets is defined by a parameter specified as part of the simulation script. To keep track of the
bit errors introduced by the link, a string of 424 bits (all equal to “1”) is associated to each
transmitted ATM cell. Bit errors introduced by the link will result in a bit switched from a value

“1” to a value “0”.

In the simulation, 2 FSMC model characterizes the error-prone channel. In this case the
channel is characterized by a two-state Markov chain (i.e., Gilbert-Elliott model). Several

parameters can be specified as part of the simulation script. These parameters include the
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channel BER, the mean burst length (i.e., the average time spent in the “bad” state) and the

probability of bit error on each of the two states.

At the other end of the transmission link, the ATM cells are received and examined by the
receiver’s ATM/AAL2 Agent. If an ATM cell is flagged with bit errors, then the Agent will
proceed to check the ATM and the AAL2 headers. The simulator assumes that the HEC code in
the ATM header can correct up to one bit in etror. The STF and the CPS-PH fields (i.e., AAL2
packet headers) do not provide for any error correction capability, as defined in the ITU-T
AAL2 standard. Thus the AAL2 packets will be lost if there are two or more bit errors in the
ATM cell header or if an AAL2 header field is corrupted by bit errors. In addition the
ATM/AAL2 Agent keeps track of the bit errors on those AAL2 packets that are not lost or
discarded at the ATM or AAL2 layer. Once the ATM cell has been inspected for bit errors it is
sent to a sink module responsible of destroying the ATM cell.

The numerical results obtained with the ns-2 simulator are presented in Figure 4.9. These
results are plotted against the mean burst length 7, which is defined to be the average time spent

on the “bad” state of the two-state Markov link model.

The performance results shown in Figure 4.9 illustrate that the performance behaviour is
similar to that of the performance results presented in Figure 4.7 in Section 4.3. The main
difference between the results in Figure 4.9 and the results shown in Figure 4.7 is observed for
small values of the mean burst lengths 7, as illustrated by performance metrics »CLR and
mPBER. Table 3 lists the average mCLR results obtained using the analytical expression from

Section 4.2, as well as, the numerical results obtained under the ns-2 simulation for a mean burst

length of 7= 1, including the confidence interval (CI) of 95%.

Table 3: Average mCLR results for 7= 1.

CPS-PP Size Avetage mCLR
(bits) Analytical |  Simulation [95% CI]]
24 0.0985 0.108176 [0.108156, 0.108196]
96 0.0550 0.059307 [0.059284, 0.059331]
352 00322 | 0032224 [0.032210,0.032239)
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From Table 3 it is observed that in general the average mCLR results are slightly higher
for the numerical results obtained using the ns-2 simulation tool, except for the case where the
CPS-PP size is equal to 352 bits. This can be explained by the fact that the results obtained
under the ns-2 simulation account for the case where CPS packets are mapped beyond the
boundaries of the CPS-PDU. In the case of CPS-PP size equal to 352 bits only one complete
CPS packet is carried within a the payload of the CPS-PDU, therefore there are no CPS packets
being mapped beyond the boundaries of the CPS-PDU and the numerical results are the same
both in the analytical and in the simulation approaches. For the case where CPS packets are
allowed to be mapped beyond the boundaries of a CPS-PDU, we have that CPS packets that are
mapped between two ATM cells are exposed to a higher probability of losses. This is due to the
fact that these CPS packets (i.e., AAL2 packets that are mapped in two CPS-PDUs) must rely on
two error-free ATM header fields and two error-free STF ficlds before they can be successfully
delivered to the higher layers. The same observation applies for the performance metric #PBER,
shown in Figure 4.9(b). Table 4 lists the average mPBER results obtained using the analytical

expression from Section 4.2, as well as, the numerical results obtained under the ns-2 simulation

for a mean burst length of 7= 1, including the confidence interval (CI) of 95%.

Table 4: Average mPBER results for 7= 1.

CPS-PP Size Average mPBER
(bits) Analytical |  Simulation [95% CI]

24 0.0994 0.108917 [0.108897, 0.108937)

96 0.0560 0.059311 [0.059289, 0.059334]

352 0.0332 0.033192 [0.033178, 0.033206]

The numerical results for performance metric mPER in Figure 4.9(c) do not show a

significant difference between the results obtained using the analytical derivation, presented in

Figure 4.7(c).
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4.5 Summary

In this chapter we have derived analytical expressions for performance metrics of interest
at the AAL2 layer. These expressions allow the analysis of the impact of bit errors on the

structure of the ATM and AAL2 frame structure.

The numerical results presented in this section demonstrate that the probability of errors
expenenced by the user of the AAL2 (i.e., higher layer applications) is greatly due to the impact
of bit errors over the ATM and the AAL2 header fields, as demonstrated by the numerical
results derived for performance metrics #CLR and mPBER. In particular the results presented
for metric #PBER corroborate this observation, as the mPBER reflects the impact of bit errors
over the CPS packets that are not discarded at the ATM or the AAL2 layers, as well as, the
impact of discarded CPS packets. These results imply there is a need for an improved method
for the protection of the ATM and the AAL2 header fields when they are exposed to an error-

prone channel.

It has also been shown that the performance results depend on the relative position of the
AAL2 CPS packet within the payload of the CPS-PDU. In this way, the first AAL2 packet that
appears immediately after the STF field shows the best performance, as indicated by
performance metric #CLR. In addition, it has been found that the use of large AAL2 CPS
packets is preferable for the transport over wireless channels, as the probability of losses at the
AAL2 layer is reduced for large CPS packets. However it must be observed that the use of large
CPS packets may increase the packetization delays, as a large CPS-PP must be filled before
transmitting the CPS-PDU. In addition, the use of large CPS packets increases the probability of
errors in the payload of the AAL2 packets as illustrated by the performance results derived for

performance metric »PER.

The analytical expressions derived in this chapter assumed that the AAL2 packets were
not mapped beyond the boundaries of the CPS PDU (i.e., AAL2 packets are not carried by
more than one ATM cell). This assumption simplified the derivation of closed form expressions
for the analysis of performance metrics of interest at the AAL2 layer. However, the AAL2
standard does allow for AAL2 packets to be mapped beyond the boundaries of a single CPS

PDU. Therefore a simulation using the ns-2 simulation tool was implemented and performance
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results were derived to verify the accuracy of the numerical results obtained using the analytical
expressions (35), (38) and (39). The simulation results presented in this chapter demonstrate that
the performance results under the analytical derivation provide a good approximation for the
evaluation of the performance at the AAL2 layer. The numerical results obtained in the
simulation show slightly worst performance (i.e., probability of losses was slightly higher) than
the numerical results obtained under the analytical approach. This result is related to the fact
that in the simulation the AAL2 packets ate allowed to be mapped (transported) by more than
one ATM cell, thus the probability of losses increases for these AAL2 packets as the successful
delivery of these packets relies on the probability that both ATM cell headers are not corrupted

by bit errors.

In Chapter 5 diverse mechanisms are proposed to improve the performance at the AAL2
layer and numerical results are presented to evaluate the petformance improvements of such

mechanisms.
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Chapter 5 Improving Performance at the AAL2 Layer

5.1 Introduction

The numerical results presented in Chapter 4 were derived to evaluate the performance
behaviour of the AAL2 standard over an error-prone channel. These results show that the
probability of a lost AAL2 packet is related to the impact of the bit etrors over the ATM and the
AAL2 header fields. In particular the performance degradation observed by the users of the
AAL2 is greatly related to the impact of bit errors in the AAL2 header fields, as these fields are
required to provide the delineation of the AAL2 packets inside the payload of the ATM cell.
Thus the importance to explore diverse mechanisms to protect and/or modify these header

fields to improve the performance of the AAL2 standard over the error-prone links.

Digital communication systems make use of diverse techniques to improve the loss
performance over error-prone channels. One of these techniques relies on the introduction of
redundant data along with the information of interest; an example of this approach is the use of
forward error control fields, which introduce parity bits for the detection and/or correction of
bit errors. Other techniques try to take advantage of the statistical independence of the bit etror
process that might exist by transmitting or receiving multiple copies of the original signal; an
example of this approach is the use of diversity techniques. In this chapter, we incorporate
diverse mechanisms to improve the system performance of the AAL2 standard over an errot-
prone link and we evaluate the impact of these mechanisms on the performance observed at the
AAL2 layer. The analysis of the performance metrics of interest at the AAL2 layer is based on
the use of FSMC models to characterize the error process at the physical layer, as it has been

described in Chapter 3 and Chapter 4.

This chapter is divided in three sections. Section 5.2 demonstrates the performance
improvements at the AAL2 layer by introducing diverse implementations using Forward Error
Correction codes. In Section 5.3 performance results are obtained for a system implementation

using space diversity reception.
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5.2 Impact of FEC on WATM/AAL2 over the Gilbert-Elliott channel

The transmission of digital data over an error-prone channel can benefit from the use of
channel coding to protect the information from bit errors by selectively introducing
redundancies in the transmitted data. Depending on the system requirements a channel coder
can be used to provide diverse levels of protection. For example, a channel coder can be used to
detect bit errors, while some other coders are even capable of correcting a limited number of bit
errors. System implementations that are not delay sensitive may benefit from the use of error
detection codes, which are relatively easy to implement and usually result in relatively small
fields, thus allowing for the reduction of the coder overhead at the expense of the
retransmission of corrupted messages. On the other hand, delay sensitive application may have
to rely on an error correction coder to avoid the delays introduced by the retransmission of
corrupted messages at the expense of increased overhead and more complex coding/decoding

mechanisms.

A channel coder generates an encoded version of the digital message (or source data) for
transmission over an error-prone channel. There are two basic types of error correction and
detection codes: block codes and convolutional codes. Block codes are characterized by
codewords with a fixed length. Each codeword is created by introducing a fixed number of
parity bits (ie., redundant information) to a fix number of source data bits. On the other hand,
convolutional codes differ from block codes in that data bits are not grouped to create a block
to be encoded. Instead a continuous sequence of information bits is mapped into a continuous
sequence of encoded bits. In this work we demonstrate the performance that is achieved by
introducing block codes to protect the frame structure of the ATM cell and that of the AAL2
packets. Several research studies have addressed the impact of introducing FEC mechanisms at
the ATM layer [56] — [70]. In this section we are interested in evaluating the impact of FEC
mechanisms at the AAL2 layer. The use of convolutional codes is not addressed in this work, as
block codes are better suited for the protection of block structured data [61], such as that of
ATM cells.

A block code can be used to detect and correct a limited number of bit errors, this in turn
results in a reduction of the retransmissions of messages due to corrupted header fields. The use

of block codes results in an effective way to increase the performance of a digital
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communication system, when other means of improvement may be impractical or difficult to
implement (e.g., it might not be possible to increase the transmitter power). The use of block
codes involves the introduction of parity bits to a block of information bits, thus creating a
codeword or code block. In a block encoder, £ information bits are encoded into 7 code bits. A
total of (7 — £) redundant bits are added to the £ information bits for the purpose of detecting
and correcting errors. The block code is referred to as an (n, £) code, and the rate of the code is

defined as R, = £/n and is equal to the rate of information divided by the raw channel rate.

An important charactenistic of the block codes is the minimum distance, d,.. This
parameter is associated to the error-detecting and/or error-correcting capability of the block
code. The concept of minimum distance can be explained by defining the concept of Hamming
distance. The Hamming distance 4(v,W) of two codewords v and W is defined to be equal to the
number of places where the two codewords differ. For example, let v= (100011 1 0) and
wW=(01011111), then d(v,w) is equal to 4, as the codewords v and w differ on the first,
second, forth and eighth elements. Then, the minimum distance of a block code C, where C is

equal to the set of all codewords, is defined as
dma = min{d(v,w):v,w e C,v = w}. (42)

Several schemes have been addressed for the implementation of Forward Error
Correction (FEC) codes within an ATM cell. Some of these schemes apply a FEC code to the
entire ATM cell (header and payload), while other schemes propose the protection of the ATM
header independently of the ATM payload. The first method results in an inefficient use of the
FEC code, as the header and the payload are given the same amount of protection. In the later
method a stronger FEC code is applied to the ATM header and upon the application
requirements a FEC code can be applied to the ATM payload. Furthermore, once a FEC code
has been applied to the header, these bits can be interleaved with the payload bits to protect the

header information from burst errors.

In this section, numerical results are presented to demonstrate the performance of the
AAL2 standard by implementing block codes to protect the headers of the ATM and AAL2

frame structure. For the purpose of analysis, four scenarios are considered in this section:
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1. The HEC field, from the standard ATM header, is replaced by a BCH code to protect
the ATM header.

2. The HEC field, from the standard ATM header, is removed and a BCH code is used to
protect the remaining 4 ATM header octets, plus the single octet STF field (only 7 bits
are encoded from the STF field, as the bit used for parity is not required).

3. The HEC field, from the standard ATM header, is removed and a BCH code is used to
protect the remaining 4 ATM header octets, plus the single octet STF field. In addition,
the HEC field from the AAL2 CPS packet is teplaced by a BCH code to protect the
AAL2 CPS packet header.

4. The payload field of a sequence of ATM cells is protected using a Reed-Solomon code.

The performance results presented in Sections 5.2.1 through 5.2.3 rely on the use of BCH
codes to protect the different header fields of the ATM and the AAL2 frame structure. These
results were obtained by following the analytical derivation presented in Section 4.2. However it
should be noted that each of the previous scenarios (i.e., the three scenarios using BCH codes)

required the use of a modified representation of Expression (30), which is used to evaluate the

probability function Pr{$,=0, £,=¢].

The protection of the ATM and the AAL2 header fields rely on the use of shortened BCH
codes. Shorten BCH codes are used when the natural length # of an (n, £) BCH code is not
suitable for the requirements of the application [72]. Given an (n, £) BCH code set C, it is
possible to create a linear subset D by considering that the / leading high-order information
digits are equal to zero, as illustrated in Figure 5.1. The linear subset D is conformed by 2*' code

vectors.
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It should be noted that a shortened (#-/, £-) BCH code has at least the same error-

(n, £) BCH code
[ £ Information bits | n-£ Parity bits |-|

[ 8
| 1zeros |£-/Information bits| #-£ Parity bits }-l
| -

=

shortened (n-/, £-) BCH code
| £-/ Information bits| #-£ Parity bits |—|
L

Figure 5.1: A shostened (2-/, k-/) BCH code.

correcting capability as the (#, £) BCH code from which it was derived [72].

5.2.1 BCH Encoded ATM Header

This scenario is used to evaluate the performance improvements at the AAL2 layer when
a BCH code is used to replace the HEC field (which is capable of correcting single bit errors)
from the ATM header. In this way, the remaining ATM header fields (i.c., 32 bits) are encoded
using the shortened codes BCH(44,32), BCH(50,32), BCH(56,32) and BCH(59,32), which are

capable of correcting up to /= 2, 3, 4 and 5 bits in error respectively.

ATM

........

.....

Hy H, 3 H, P, H, P,

(3 bytes) (3 bytes) (3 bytes)

mk’s"" CPS-PP [C’”H Cps.pp |CPSPH| cps pp | Padding or Partial

Packet 1 Packet 2 Packet 3

Figure 5.2: BCH encoded ATM header.
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Table 5 shows the original BCH codes from whete the shortened BCH codes are derived
(72).

Table 5: Shortened BCH codes used to protect the ATM header.

Shortened (»-/, £&- / | Error-correcti
(n, £) BCH Code BCH C(och ) I:ig: strcng::::)mg
BCH(63,51) BCH(44,32) 19 2
BCH(63,45) BCH(50,32) 13 3
BCH(63,39) BCH(56,32) 7 4
BCH(63,36) BCH(59,32) 4 5

The CPS-PDU structure shown in Figure 5.2 is considered for the derivation of numerical
results and it is assumed that the CPS packets are not mapped beyond the boundaries of the
CPS-PDU (ie,, M’ = 0). The analysis assumes CPS packets of equal size and the CPS packet
payload size is 96 bits. The error-prone channel is characterized by the Gilbert-Elliott model and
the model parameters assume an BER of & = 10° with state error probabilities equal to

P(0) = 0 and P(1) = 0.5.

It should be noted that the HEC field from the ATM header has been replaced by an
(n, £ BCH code, which is capable of correcting up to 7 bits in error. For this scenario it is
assumed that the m-th AAL2 packet is successfully delivered to the higher layers only when
there are / or less bit errors in the ATM header, zero bit errors in the STF field and zero bit
errors in all of the CPS-PHs beginning with the first CPS packet up to the m-th CPS packet.

Then the numerical results presented in this scenario rely on a modified representation of the

joint probability Pr{f3,=0, £,= £ ] defined in Expression (30). Then Pr{f,=0, £,= ¢ ] is given by
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z';mn(i,mmo, Ns)P* ®(0, N\ yb(¢, Li)e m=1
Prifa=0ke=t]=1, ™ e ' (43)
2 AP, Na)D(0, Ns)P* [ (0, N)P“®O,N.)d(¢,LJe 1<m<M

i=0 j=t

and the probability function PAf,=1, £,= (] remains the same as denoted in Expression (31).

Results presented in Figure 5.3 correspond to the performance of the CPS packet 1, as it
is shown in Figure 5.2. For comparison purposes, the performance results obtained under the
standard ATM/AAL2 frame structure arc also presented in this figure. The performance results
for the standard ATM/AAL2 frame structure are denoted under the HEC label.

From Figure 5.3(a) it is observed that improvements for performance metric #CLR are
small and they are only noticeable for relatively small mean burst lengths, 7 < 10 bits, as the
BCH encoded header is only capable of correcting some of the ATM header errors. This is a
result of the limited error correcting capability of the BCH encoded header. On the other hand,
for mean burst lengths greater than 10 bits, 7> 10, the error correcting capability of the BCH
codes is far exceeded, thus the loss performance at the AAL2 layer remains the same for all the

different code rates.

Performance results for metric #PBER are presented in Figure 5.3(b). It should be noted
that performance results obtained for this metric are similar to the results of metric #CLR,
presented in Figure 5.3(a). This is explained in terms of the definition of mPBER, which is the
probability of errors experienced by the layers above the AAL2 and it is given by Expression
(39). From Expression (39) it is clear that the #»PBER is a function of the #CLR and it is also a
function of the probability of bit errors in the payload of non-discarded AAL2 packets.
Therefore, the results presented in Figure 5.3(b) imply that the probability of bit errors observed
by the layers above the AAL2 is greatly due to the impact of discarded AAL2 packets.
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Figure 5.3: BCH Encoded ATM Header.
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Figure 5.3(c) shows the results for performance metric #PER. From this figure it is
observed that the performance remains the same for all the protection schemes. This result is
expected, as the metric mPER reflects the average BER on the payload of non-discarded AAL2
packets. Consequently, the BER remains unaffected as none of the analysed scenarios provide

any error correction capability for the payload of the AAL2 CPS packets.

5.2.2 BCH Encoded ATM/STF Header

This scenario is presented to evaluate the performance improvements at the AAL2 layer
when a BCH code is used to protect both the ATM header and the STF field. The CPS-PDU

structure shown in Figure 5.4 is considered for the derivation of numerical results.

H, i, P, i, P, H, p,

AT™M ! ; CPS-PH CPS-PH CPS-PH Padding or Partial
: : 'BC CPS-PP CPS-PP CPS-PP 3
: Header ' STF ' H (3 bytes) (3 bytes) (3 bytes) CPS Packet
' S
Packet { Packet 2 Packet 3

Figure 5.4: BCH encoded ATM/STF headers.

It should be noted that the HEC field and the parity bit have been removed from the
ATM header and the STF field respectively, as the BCH code replaces the functionality provided
by these fields. In this way, the ATM header and the STF field (the combined size of the ATM
header plus the STF field is 39 bits) are encoded using the shortened codes BCH(51,39),
BCH(57,39), BCH(63,39) and BCH(74,39), which are capable of correcting up to = 2, 3, 4 and
5 bits in error respectively. Table 6 shows the original BCH codes from where the shortened
BCH codes are derived [72). The CPS packets ate assumed to be of equal size and the CPS
packet payload size is equal to 96 bits. In addition, the analysis assumes that the CPS packets are

not mapped beyond the boundaries of the CPS-PDU, thus M’ = 0. The error-prone channel is
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charactenized by the Gilbert-Elliott model and the model parameters assume a channel BER of
£= 10" with state error probabilities equal to P,(0) = 0 and P(1) = 0.5.

Table 6: Shortened BCH codes used to protect the ATM/STF headers.

Shortened (#-/, £- / | Error-correcti
(= &) BCH Code BCH cidl; : I:::;l SMg:e::ng
BCH(63,51) BCH(51,39) 12 2
BCH(63,45) BCH(57,39) 6 3
BCH(63,39) BCH(63,39) 0 4
BCH(127,92) BCH(74,39) 53 5

For this scenario it is assumed that the m-th CPS packet is successfully delivered to the
higher layers only when there are ¢ or less bit errors in the ATM/STF encoded header and zero
bit errors in all of the CPS-PHs beginning with the first CPS packet up to the 7-th CPS packet.

Then the numerical results presented in this scenario rely on a modified representation of the

joint probability Pr{f3,=0, £,= €] defined in Expression (30). Then Prf,=0, £,=¢] is given by

21:@(1, Na)PY ®(0, Nd(¢4, Li)e m=1
Pr{fu=0,ke = €]=1 |, - . (4%
D 70, NPV [ 90, N)P“®O, N-)®(¢,L)e 1<m<M

=t Jj=1

whete N, is defined to be the size of the protected ATM/STF field. The probability function
PAB.=1, £,= {] remains the same as denoted in Expression (31).

64



1.E01

1.E-02 1

mCLR

@

1.E-03

1.E-04

1.E-01

1.E-02

mPBER

(b)

1.E-03

1.E-04

1.E-02

1.E-03 4

~
Ko
mPER

1.E-04 |

1.E05

---HEC

-o-BCH(51.39)
-~ BCH(57.39)
-=-BCH(63,39)
- BCH(74.39); -

10 100 1000 10000

--HEC

-o-BCH(51,39)
-= BCH(57,39)
-»-BCH(63.39)
- BCH(74.39)}-

10 100 1000 10000
Mean Burst Length,

- HEC
-o- BCH(51.39)
-«-BCH(57.39)
-=-BCH(63.39)
.............................................. -=—BCH(74,39)} -

10 100 1000 10000
Mean Burst Length, r

Figure 5.5: BCH Encoded ATM/STF Headers.
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The numerical results presented in Figure 5.5 cormrespond to the evaluaton of
performance metrics for the first AAL2 packet (1e., CPS packet 1). From the performance
results shown in Figure 5.5, it is observed that performance improvements are small as compare

to the results presented in section 5.2.1.

Figure 5.5(a) shows the results for the performance metric »CLR. From this figure it is
clear that performance improvements are mainly noticeable for a small mean burst length in the
order of 7= 1. It is interesting to note that for a mean burst length of 7 = 1 all the results are
basically the same regardless of the code rate used to protect the ATM header along with the
STF field. This result implies that for 7= 1 the probability of losing an AAL2 packet is greatly
due to corrupted CPS-PH fields. In other words, the performance improvements that are gained
by increasing the code rate of the BCH code are shadowed by the probability of those AAL2
packets being lost due to corrupted CPS-PH.

Figure 5.5(b) shows the results for the performance metric #PBER. Once again it is
observed that this performance metric follows very closely the behaviour of the performance
metric #CLR. The result implies that the impact of bit errors over the structure of the ATM and
AAL2 frames is mainly due to corrupted ATM and AAL2 header fields. Figure 5.5(c) shows the
results for performance metric #»PER. Performance results for this performance metric are the

same as those presented in Secton 5.2.1.

5.2.3 BCH Encoded ATM/STF/AAL2 Headers

The numerical results presented in Sections 5.2.1 and 5.2.2 cleatly indicate that
performance improvements are marginal when at least one of the ATM or AAL2 header fields
remains without any error correcting capability. This was particulatly obvious for small mean
burst lengths in the order of 7 = 1. The scenario presented in this section deals with the
protection (i.e., a FEC code was introduce to provide for error correcting capabilities) of all the
ATM and the AAL2 header fields. This scenario is presented to evaluate the performance
improvements at the AAL2 layer when a BCH code is used to protect both the ATM header
and the STF field. In addition, a second BCH code is used to replace the HEC field from the
CPS-PH. The CPS-PDU structure shown in Figure 5.6 is considered for the derivation of
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numerical results. The analysis assumes that AAL2 packets are not mapped beyond the

boundaries of a CPS-PDU and therefore M’ = 0. The CPS packets are assumed to be of equal
size and the CPS packet payload size is equal to 96 bits. The Gilbert-Elliott model is used to

characterize the bit error process at the physical layer and the model parameters assume a

channel BER of £ = 10" with state error probabilities equal to P,(0) = 0 and P(1) = 0.5.
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¢ ATM
' Header

1

STF | BCH|CPs-PH|BCH| CPS-PP [CPS.PH

CPS-PP |CPS-PH n;[cnl’? Padding —‘

L Packet 1 _L Packet 2 _L Packet 3 J
g e »

Lt ot

Figure 5.6: BCH encoded ATM/STF/AAL2 headers.

The derivation of the numerical results presented in this section, relies on the generic
CPS-PDU structure shown in Figure 5.6. In this scenario the HEC field is removed from the
ATM header and the parity bit is removed from the STF field. Then the remainder of the ATM
header is encoded along with the remainder of the STF filed using an (n,, £) BCH code, which
is capable of correcting up to 4 bit errors. In addition, the HEC field from each CPS packet is
replaced by an (m, £,) BCH code, which is capable of correcting up to # bit errors. For this
scenario it is assumed that the 7-th CPS packet is successfully delivered to the higher layers only
when there are 4 or less bit errors in the ATM/STF encoded header and #, or less bit errors in
each of the CPS-PHs beginning with the first CPS packet up to the m-th CPS packet. Then

Expression (30) becomes

14}

ZZ "®(io, Na)P* @ (ir, NYD(Z, Li)e m=1
Prifa=0,ka={]=4, ,. " wt . (45)
2.2 D "®(io, NA)P T ®(is, N)P“®(im, NoYD(¢, Lu)e 1<m< M

io=() j1=0 ia=() j=1
and the probability function Pr{f8,=1, £,= ] remains the same as denoted in Expression (31).
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The scenario presented in this section is divided in two groups. Both groups are evaluated
using the same code rates for the BCH code that is used to protect the ATM header and the
STF field. The main difference is with respect to the code rate that is used to protect the header
of the AAL2 packets.

- AALZ2 CPS packet header protected with shortened BCH(24,19)

This scenario evaluates the performance improvements at the AAL2 layer when a2 BCH
code is used to protect both the ATM header and the STF field. In this way, the ATM header
and the STF field (the combined size of the ATM header plus the STF field is 39 bits) are
encoded using the shortened codes BCH(51,39), BCH(57,39), BCH(63,39) and BCH(74,39),
which are capable of correcting up to # = 2, 3, 4 and 5 bits in error respectively. In addition, the
HEC field from the AAL2 CPS packet header is replaced by a shortened BCH(24,19) code with
etror correcting capability of # = 1 bit. Table 7 shows the original BCH codes from where the
shortened BCH codes are derived [72].

Table 7: Shortened BCH codes used to protect the ATM/STF/AAL2 headers.

(, £ BCH Code Sho:zt;:dci:i &) u(:i;' ! Ens::::::"g
BCH(31,26) BCH(24,19) 7 1
BCH(63,51) BCH(51,39) 12 2
BCH(63,45) BCH(57,39) 6 3
BCH(63,39) BCH(63,39) 0 4
BCH(127,92) BCH(74,39) 53 5
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Figure 5.7(a), shows the performance results for metric #CLR. From these results it is
observed that the performance is improved for mean burst lengths smaller than 2 bits (ie.,
T < 2), as compared to the results presented in sections 5.2.1 and 5.2.2. In particular, for 7= 1
metric #CLR is approximately 2.5x10", whereas in the previous two scenarios the performance
metric #»CLR was approximately 2.5x10 That is an improvement of two orders of magnitude,

which is achieved by adding the error-correcting capability to the header of the CPS packets.

Similarly, the performance results for metric #PBER also present an improvement for
small mean burst lengths in the order of 7< 2. An interesting observation is that metric »PBER,
shown in Figure 5.7(b), no longer follows metric #CLR for a mean burst lengths smaller than 2
bits, 7< 2. This observation is explained by the fact that the probability of a lost AAL2 packet,
due to corrupted ATM/AAL2 headers, is smaller than the probability of errors on the payload
of non-discarded AAL2 packets. Then for 7 < 2, the contributing factor over the performance
metric #PBER is the probability of bit errors in the payload of non-discarded AAL2 CPS

packets, as the information bits carried in the AAL2 CPS-PP are not protected against bit errors.

Figure 5.7(c) shows the performance results for metric #PER. The numerical values for
this metric remain unaffected, as compared to the results presented in sections 5.2.1 and 5.2.2.
This result is explained by the fact that none of these scenarios provide any protection for the
payload of the AAL2 packets and therefore the probability of bit errors remains the same for all

the analysed scenarios.

69



(a)

®)

©

1.E-01 3

1.E-02

1.E-03

1.E-04

1.E-01

1.E-02

mPBER

1.E-03

1.E-04

1.€-02

1.E-03 {

mPER

1.E04

- ATM/STF t=2]

-»-ATM/STF t=3

-~ ATM/STF t=4
- ATM/STF t=5

10 100 1000 10000
Mean Burst Length, ¢

-

- ATM/STF t=2
= ATM/STF t=3
- ATM/STF t=4

- ATMISTF t=5

1 10 100 1000 10000

Mean Burst Length, r

- ATM/STF t=2
-o- ATM/STF t=3
-~ ATM/STF t=4

->- ATMISTF t=5

1.E-05

1 10 100 1000 10000

Mean Burst Length, ¢

Figure 5.7: BCH Encoded ATM/STF/AAL2 Headers.
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- AAL2 CPS packet header protected with shortened BCH(29,19)

This scenario evaluates the performance improvements at the AAL2 layer when a BCH
code is used to protect both the ATM header and the STF field. In this way, the ATM header
and the STF field (the combined size of the ATM header plus the STF field is 39 bits) are
encoded using the shortened codes BCH(51,39), BCH(57,39), BCH(63,39) and BCH(74,39),
which are capable of correcting up to 7= 2, 3, 4 and 5 bits in error respectively. In addition, the
HEC field from the AAL2 CPS packet header is replaced by a shortened BCH(29,19) code with
correcting capability 7 = 2 bits. Table 8 shows the original BCH codes from where these

shortened BCH codes are derived [72].

Table 8: Shortened BCH codes used to protect the ATM/STF/AAL2 headers.

Shortened (n-/, £- / | Etror-correcti
(n, £ BCH Code BCH C(odc g h(:ig:s;l strength (;mg
BCH(31,21) BCH(29,19) 2 2
BCH(63,51) BCH(51,39) 12 2
BCH(63,45) BCH(57,39) 6 3
BCH(63,39) BCH(63,39) 0 4
BCH(127,92) BCH(74,39) 53 5
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Figure 5.8: BCH Encoded ATM/STF/AAL2 Headers.
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From the results presented in Figure 5.8 we can derive similar conclusions, as those
presented for the previous scenario (AAL2 packet with BCH encoded header with correcting
capability of # = 1 bit). The main difference, are the results presented for metric »CLR. In

particular for a mean burst length of 7 = 1 bit, where #CLR is reduced to approximately
3.5x10°. However, the probability of errors experienced by the layer above the AAL2 does not
benefit by the improvemer.t over mCLR (for 7= 1) as the probability of errors in the payload of

non-discarded AAL2 packets remains the main factor contributing to the performance of

mPBER.

5.2.4 Reed-Solomon Encoded CPS-PDU

The previous section addressed the use of BCH codes to protect the ATM and AAL2
header fields. From the numerical results presented in Sections 5.2.1, 5.2.2 and 5.2.3 it is clear
that the use of BCH encoded ATM and AAL2 headers results in limited improvements with

respect to the performance results of the AAL2 standard, presented in Section 4.3.

In this section we evaluate the use of Reed-Solomon (RS) codes to protect the frame
structure of the AAL2 packets. The Reed-Solomon codes correspond to a special class of non-

binary BCH codes. The block length of a (#, £) Reed-Solomon codeword is given by

n=2"-1, (46)

where  is equal to the size (in bits) of a codeword symbol. The minimum distance of a Reed-

Solomon code is given by

d..=n—k+1, (47

where £ is equal to the number of information symbols that are used to form a codeword of

length 7. The rate R_ of a Reed-Solomon coder is defined as
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R = % : (48)

The analysis presented in this section assumes a Reed-Solomon system which is capable of
correcting symbol erasures. A Reed-Solomon decoder using symbol erasures can increase the
error correcting capability of the code [71]. That is, a Reed-Solomon coding system which

cotrects symbol erasures can correct up to / symbol errors and ¢ symbol erasures provided that

2t+esd-1, 49)

where the distance < d_.

From Expression (49) it is clear that the error correcting capability of a Reed-Solomon
code is upper-bounded by the minimum distance 4,, of the RS code. Another observation from
Expression (49) is that for a given code distance d, the error correcting capability of the Reed-
Solomon code decreases by a factor of two for symbols in error £. On the other hand, the error
cotrecting capability of the Reed-Solomon code decreases by a factor of one for symbol erasures
e. This observation agrees with the previous statement which implies that symbol erasures can
increase the error correcting capability of the RS code. Table 9 shows the length # of a Reed-

Solomon codeword for different values of the symbol size 7.

Table 9: Reed-Solomon Codeword information.

Symbol Size » Codeword Length » Codeword Length »
(Bits) (Number of Symbols) (Bits)
8 255 2040
9 511 4599
10 1023 10230
11 2047 22517
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The derivation of the numerical results following the analytical approach presented in
Section 4.2 results impractical and complex for a system that implements a Reed-Solomon coder
when used to encode a block of several ATM cells. This observation is explained by the fact that
performance metrics derived in Expressions (35), (38) and (39) rely on the evaluation of the
joint probability distribution Pr{,, £, and it is here where the problem lies. The set of rules that
are required to evaluate the probability that an AAL2 packet is successfully delivered to the
higher layers (i.c., the probability that the random variable B, is equal to zero) become a function
of all the possible combinations that result in a successfully decoded RS codeword. That is,
random variable £, will be equal to zero for all the possible combinations of symbols in error /
and symbol erasures ¢ that result in a successfully decoded RS codeword. Because of this
limitation the numerical results in this section are derived by running simulations using the ns-2

tool.

The simulation assumes two ATM nodes exchanging information over 2 FSMC modeled
link. Figure 5.9 shows the block diagram of the network architecture implemented in the ns-2
simulation. The functionality of the RS encoder and decoder is implemented as part of the

ATM/AAL2 Agents at the transmitter and receiver nodes, as illustrated in Figure 5.9.

ATM Tx Node ATM Rx Node

| Sink ‘l
1 1

Agent

Traffic Generator ‘I

L

ATM/AAL2 Agent ATM/AAL2 Agent
(RS Encoder) —| (RS Decoder) ’_l
= T
Physical Layer
FSMC Error Model —’
|

Figure 5.9: Block diagram of the ns-2 network architecture using RS encoder/decoder.
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The numerical results evaluate the performance at the AAL2 layer when an (», £) Reed-
Solomon code is used to protect the payload of a sequence of 7,1, ATM cells. Thus the number
of information bits d,,, that are protected is equal to d,;y = 7, x 384 (recall that the payload
of an ATM cell is composed of 48 bytes or 384 bits). The relaton between the number of

payload information bits 4, and the number of information symbols £ is given by

k= [ﬂm] R (50)

m
where 7 is equal to the RS symbol size and [is defined as the ceiling function. In other words,
a sequence of d,, information bits will result in £ information symbols.

The number of ATM cells 7 that are required to transport a Reed-Solomon codeword of

length 7 is given by

where 7, is defined as the number of RS symbols in each ATM cell payload. It should be noted
that the analysis assumes that RS symbols ate not mapped between the ATM cells, as illustrated

in Figure 5.10, so the number of RS symbols in each ATM cell is given by.

"= |.38%, ] (52)

where .| is defined as the floor function and  is defined as the RS symbols size.

The analysis presented in this section assumes a Reed-Solomon symbol size of m = 10
bits, therefore the RS codeword length is equal to » = 1,023 symbols. Following Expression
(31), each Reed-Solomon codeword will require a sequence of 7, = 27 ATM cells. From
Exptession (52) the number of RS symbols in each ATM cell is equal to #, = 38. It should be
noted that as a result of the symbol alignment there are #, bits requited for padding at the end of
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each ATM cell. For the particular case of # = 10 then number of padding bits in each ATM cell

s, =4
i} ATM Symbol 1 Symbol 2 cee Symbol |384/m]| Padding
: Header (m bits) (m bits) (m buts) ()
=

Figute 5.10: Reed-Solomon symbol alignment in the ATM cell.

The performance results at the AAL2 layer are evaluated by encoding a block of ATM
cells with an RS coder for different code rates. Table 10 lists the different code rates that are

used to derive the analytical results presented in this section.

Table 10: Reed-Solomon code rates.

ATMCells | Information | Information | Codeword | Approx. code
(Para) bits (i) | Symbols (§) | Length () rate (R)
13 4,992 500 1023 0.5
16 6,144 615 1023 0.6
19 7,296 730 1023 0.7
21 8,064 807 1023 0.8
24 9,216 922 1023 0.9

For an approximated code rate of 0.5, the minimum distance of the code is d,,, = 524, as
dictated by Expression (47). Then the RS decoder is capable of correcting up to a maximum of

¢ = [523/2] = 261 symbols in error (i.e., assuming there are no symbol erasures) or it can
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correct up to 2 maximum of ¢ = 523 symbol erasures (i.e., assuming there are no symbol errors),
as dictated by Expression (49). In the same way it is possible to calculate the theoretical error
correcting capability for all the RS code rates listed in Table 10. The error correcting capabilities
are listed in Table 11.

Table 11: Error correcting capability of the RS decoder.

Codeword | Information | Symbols in Symbol
Length (7)) | Symbols (#) Error (9 Erasures (¢)
1023 500 261 523
1023 615 204 408
1023 730 146 293
1023 807 108 216
1023 922 50 101

Figure 5.11 shows the performance results at the ATM and AAL2 layers for different code
rates. The simulations assumed AAL2 packets of equal size and the AAL2 packets were allowed
to be mapped beyond the boundaries of the CPS-PDU. The performance results presented in
Figure 5.11 correspond to AAL2 packets with payload of size 24 bits. However, it should be
noted that performance results derived for different AAL2 packet payload size resulted in plots
similar to those presented in Figure 5.11. That is the numerical results were insensitive to
variations in the AAL2 payload size. The Gilbert-Elliott model is used to characterize the bit
error process at the physical layer and the model parameters assume a channel BER of £ = 10"

with state error probabilities equal to P,(0) = 0 and P,(1) = 0.5.

The performance results for code rates 0.5, 0.6, 0.7, 0.8 and 0.9 cotrespond to the
probability that an AAL2 packet will be lost/discarded due to corrupted ATM or AAL2 header

fields. In other word these performance results correspond to the metric mCLR. The
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performance results denoted by the label “ATM” correspond to the probability that an ATM
cell will be discarded at the ATM layer due to a cotrupted ATM header. It should be noted that
the ATM headers are not protected by any FEC codes and the only error correcting capability is
that provided by the standard HEC field, which is capable of correcting up to 1 bit in error.
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Figure 5.11: Reed-Solomon Encoded CPS-PDU.

From Figure 5.11 it is observed that the performance improves as the code rate decreases.
This observation is explained by the fact that the smaller code rates result in an increase of the
error correcting capability of the RS code, as indicated in Table 11. However this increase in

performance comes with a price in terms of overhead.

An interesting observation from Figure 5.11 is that performance plots follow a similar
pattern (or behaviour) for code rates 0.5, 0.6, 0.7 and 0.8. That is, as the mean burst length 7
increases, the mCLR increases and then converges as 7 —» ©. However the performance curve

for code rate 0.9 behaves differendy. A careful observation of this curve reveals that the

performance behaviour for code rate 0.9 is similar to the behaviour of the ATM cells loss rate

for values of the mean burst length that are smaller or equal to 20 bits, i.e. 7 < 20. On the other
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hand, the performance behaviour for code rate 0.9 begins to follow the performance behaviour
of the other curves for values of the mean burst length that are greater than 20 bits, 7> 20. This
performance behaviour can be explained as follows: the error correcting capability of the RS
code is a function of two distinct processes. Namely the process related to the symbol erasures
and the process related to the symbols in errors, as indicated in Expression (49). In the analysis,
each RS codeword is carried by a sequence of 27 ATM cells and each ATM cell carries 38
symbols. Then a sequence of 38 symbols is lost (i.e., the RS codeword symbols are erased) every
time an ATM cell is discarded and therefore RS codewords are vulnerable to ATM cell losses.

For a code rate of 0.9 the maximum number of symbol erasures is 101, assuming there are
no symbols in errors. Then a RS codeword will be successfully decoded if at most 2 out of 27
ATM cells are discarded due to errors in the ATM header. Recall that each ATM cell carries 38
symbols, therefore two ATM cells lost will result in 76 symbols erasures and the RS decoder will
stll be able to successfully decode the RS codeword.

For a mean burst length of 7= 20 bits the average number of bits in errors is equal to 10
bits (recall that the probability of bit errors in the “bad” state is equal to 0.5). On the other hand
the channel BER is £ = 10, then in steady-state the error-free state will have an average
duration of 9990 bits (recall that the Gilbert-Elliott model assumes a time unit equal to the
duration of one bit). So the case 7 = 20 represents the boundary situation where there exists a
reladvely high probability that at least 2 out of 27 ATM cells will be discarded due to bit error in
the ATM header. This last statement results from the fact that in steady-state the channel model
will make a transition to the bad state every 10,000 bits (i.e., assuming the mean burst length is
7= 20) and a block of 27 ATM cells is composed by a sequence to 11,448 bits. For values of <
20 the probability of corrupted ATM headers increases and the performance behaviour for code
rate 0.9 becomes more a function of the ATM cell loss process as it is observed by the

behaviour illustrated in Figure 5.11.

Now for code rate 0.9 and values of the mean burst length in the otder of 7 > 20, the
probability that two ATM headers are corrupted by bit errors decreases as the duration of the
error-free event increases. Therefore the performance metric #CLR is less related to the ATM

cell loss process, as illustrated in Figure 5.11.
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The numerical results for performance metric #PER (not shown) are meaningless, as the
probability of bit errors in the payload of the AAL2 packets, given that the AAL2 packet is not
discarded, is always equal to zero. This statement is explained by observing that the AAL2
packets are encoded into RS codewords and the RS codewords are carried by a sequence of

ATM cells. Therefore there are only two possible outcomes:

1 — The codeword is successfully decoded (i.e., because there are no symbol errors or
erasures within the RS codeword, or the number of symbol errors and erasures is less or equal
than the error correcting capability of the RS code) and all the AAL2 packets are successfully
delivered to the higher layers without any errors. And therefore the performance metric mPER is

equal to zero, as there are no errors in the payload of the AAL2 packets.

2 — The codeword is discarded (i.e., the number of symbol errors and erasures is greater

than the error correcting capability of the RS code) and all the AAL2 packets are lost at the
ATM layer.

Simularly, it is easy to observe that performance metric #PBER is similar to mCLR (ie., for
the scenario presented in this section), as the bit error process observed by the layers above the

AAL2 is only a function of lost/discarded AAL2 packets.

5.2.5 Summary

The analysis presented in section 4.3 clearly indicated that the performance degradation at
the AAL2 layer was greatly due to the impact of bit errors over the ATM and the AAL2 header
fields. Consequently we proposed the use of diverse FEC mechanisms, such as block codes, to
protect the ATM and the AAL2 header fields. In addition we present numerical results to
evaluate the impact of introducing block codes, such as BCH and Reed-Solomon codes, to

protect the ATM and the AAL2 header fields.

The first approach involved the use of BCH codes to protect the ATM and the AAL2
header fields. The numerical results presented in sections 5.2.1, 5.2.2 and 5.2.3 indicate that the
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use of BCH codes for the protection of the ATM and the AAL2 header fields results in a
marginal improvement for performance metrics mCLR and mPBER. This last statement is
especially true when at least one of the header fields is not protected by a block code, as
demonstrated by the numerical results presented in sections 5.2.1 and 5.2.2, where the CPS-PH
field was not protected by a BCH code. The numerical results presented in section 5.2.3 evaluate
the scenario in which all the header fields are protected by a BCH code. For this particular
scenario it was possible to observe significant performance improvements in terms of the
probability of losing AAL2 packets at the AAL2 layer, as illustrated by the performance metric
mCLR. However, the gains observed for performance metric #CLR are only significant for
small burst lengths in the order of 1 or 2 bits. In general the introduction of the BCH codes for
the protection of the ATM and AAL2 header fields do not provide good performance
improvements as illustrated by the numerical results presented in sections 5.2.1, 5.2.2 and 5.2.3.
Nevertheless, it is important to present the analysis of the ATM Adaptation Layer 2 when BCH
codes are used to protect the ATM and AAL2 header fields, as it is not possible to arrive to such

conclusions without a proper analysis as the one presented in these sections.

The second approach involved the use of Reed-Solomon codes to protect the payload of a
sequence of ATM cells. The numerical results illustrate that the performance improvements at
the AAL2 layer are significant for code rates that are equal or lower than 0.8. Furthermore, the
performance results (e.g., the probability of a lost AAL2 packet) are improved for a mean burst
length of up to a couple hundred bits. However, it should be pointed out that the introduction
of Reed-Solomon codes greatly increases the overhead required by the resulting RS codewords
(due to the additional parity bits). For example, for a RS coder with a code rate equal to 0.8 the
number of ATM cell that are protected is 21 while the resulting RS codeword requires 27 ATM

cells (see Table 10); this represents an overhead of approximately 20%.

In conclusion, the use of BCH codes may be of benefit for telecommunication systems in
which the error-prone link is characterize by small burst of errors in the order of 1 or 2 bits. On
the other hand for telecommunication systems in which the error-prone link is characterized by
a mean burst length in the order of a couple of hundred bits then the implementation of RS

codes becomes a better choice, at the expense of the additional overhead.
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5.3 AAL2 Performance Analysis over Correlated Fading Channels with
Diversity

In previous sections we evaluated the performance improvements at the AAL2 layer by
introducing Forward Error Correction codes, such as block codes like BCH and Reed-Solomon
codes. The numerical results demonstrated that the performance improvements at the AAL2
layer were good, as long as, the error cotrecting capability of the code was not exceeded.
Therefore a different approach is required to improve the system performance for large values

of the mecan burst length.

In this section we are interested in evaluating the impact of the bit errors on the
performance of the AAL2 standard by introducing the use of diversity. A diversity receiver can
improve the system performance by processing multiple copies of the transmitted signal over

independent (or uncorrelated) transmission paths.

We begin the analysis by defining a suitable model for the characterization of an error-
prone link. The Gilbert-Elliott model has been extensively used in previous sections to
characterize the bit error process of the wireless channel. The Gilbert-Elliott model relies on the
statistical characterization of the birth and death process of the burst-error and error-free events.
It is clear that the introduction of diversity will have an impact on the statistical behaviour of the
burst-error and error-free events and therefore the derivation of the channel model parameters
must account for the introduction of diversity at the physical layer. However it is not a simple
matter to derive the Gilbert-Elliott model parameters (e.g., the transition probability matrix P
and the steady state vector ) once diversity is introduce into the system. An alternate approach
is to characterize the statistical behaviour of the fading dynamics of the channel. This approach
can easily introduce the impact of diversity and there are several publications that address the
derivation of analytical expressions for the statistical characterization of channels using diversity
[73]-[81]. In this way it is possible to implement 2 FSMC model to characterize the bit error
process at the physical layer, which can be derived in terms of the statistical time varying

dynamics of the fading channel.

The analytical derivation presented in this section follows the implementation of a Finite

State Markov Chain (FSMC) model using the Nakagami-m distribution for the characterization
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of the statistical time varying fading dynamics of the channel, as described in Section 3.3. The
Nakagami- distribution was chosen for the analysis as it can be used to characterize a diverse
number of statistical time varying fading channels, such as, Rayleigh or Ricean fading channels.
Furthermore, the analytical results are presented to account for the introduction of space
diversity reception, which is a very well know technique used to improve system performance in

telecommunication systems.

The FSMC model is uniquely defined by its transition probability matrix P, the steady
state vector ® and the state error probability vector Pe. The transition probability matrix, P, is
defined as a N x N matrix with elements p,, iy € {1,2, ..., N}, where p, is defined as the
probability of a transition from state / into state /, and is given by Expression (14), which can be

expressed in terms of the fading amplitude « of the signal by

P"[ai-l <a,<a,a;,<a, <ai] f,,. -[:; pr-a(@;,0, )doydo,
pP;= =
’ Prle, <a, <ai] r pa, (0, Jda,

, (33)

where pa; (@, @) is the joint probability density function (jpdf) of A, and A,, pa,(@,) is the
probability density function (pdf) of A,, and A,, A, are two random variables defining the
amplitude of the signal at the fading instants of interest. The probability density function and the
joint density function of a Nakagami- distributed random variable are presented in [29, 44] and

are given by

20 (m\" [ ma?
pala)= T (H) xp| - ] (54)

i 2 2
a, +a
Ma,a,) exp| -2 T2 .
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F(m)(1-p)(/p)™ Q Q(1-p)
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where Q=a’ is the mean-square value of the fading amplitude a, » represents the Nakagami-
m fading parameter, ['(-) represents the Euler gamma function, I, (-) represents the m-th order
modified Bessel function of the first kind and p is the correlation coefficient between a, and ..

The steady state vector %t is defined as a row vector with elements t,, £ =1, 2, ..., N, and

is given by
= [ palo)in (56)

A closed form expression of (56) can be denived by substituting Expression (54) into (56). Then

Expression (56) becomes

T - r(m,o,mxaf/Q)- F(m,O,mxab_,l/Q)
‘ [() ’

(57)
where ['(a, z,, z,) = ['(a, 2) - ['(a, 2,) is the generalized incomplete gamma function and I'(a, z) is
given by

[(a,2)= r 1*~ exp[—r]dr . (58)

Expression (57) is the close-form representation of the denominator in Expression (53).
However the numerator of Expression (53), after being substituted by equation (55), does not

have a simpler form and therefore needs to be evaluated numerically [29].

The state error probability vector P, as described in Section 3.3, is a row vector with
elements P(£), £ = 1, 2, ..., N, where P(£) is defined as the error probability associated to each

state 5, as defined by Expression (16), and is closely related to the modulation scheme.

From Expression (55) it can be observed that the joint probability density between two
fading amplitudes of interest relies, among several other factors, on the correlation coefficient p.

The correlation coefficient p between two fading instants can be represented in terms of the
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spatial correlation, p(Ax), of the signal over the fading channel [82). The analysis for the
denvation of the spatial correlation characteristics, presented in [82], follows the coordinate

system shown in Figure 5.12.

Multipath
waves

@ =X T AX

Direct wave
> 9=0°

X

Figure 5.12: Coordinate system for spatial correlation analysis.

The analysis presented in this section follows the case in which the scattered waves arrive

with a uniform angular distribution, as described in [82], shown in Figure 5.13.

Multipat ’
waves
\ / Direct
v @€ wave

Figure 5.13: Scattered waves with a uniform angular profile.

In this case, the spatal correlation coefficient p(Ax) is given by Expression [82, Eq. (22)]

as
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_ 2{,(kAx)cos(kAxcosB, )} + s* {l.,(kAx)z}
245

P(Ax) 9

where J()) is the zero-order Bessel function of the first kind, £ is the wave number defined by
& =2nf /¢, were f represents the carrier frequency and ¢ is the average scattered wave power

normalized by the direct-wave power, which is related to the Riean parameter K by & = K.

For the purpose of the analysis presented in this section, it is useful to represent the
spatial correlation coefficient p(Ax) as a function of the channel symbol duration T, and the

Doppler frequency £, It can easily be shown that £Ax = 27tf,t, , thus equation (59) becomes

_ 2{J,(2nf,1,)cos(2nf,t, cosO,)}+ 5> {J,, (2nf 1, )3} (60)
2+ -

P

It should be noted that large values of argument 21f,t, correspond to a fast fading channel. On

the other hand, small values of argument 2nf,t, correspond to a slow fading channel.

The system performance can be improved by implementing diversity techniques. In this
section, the performance of ATM/AAL2 over correlated fading channels is evaluated in the
presence of Equal-Gain Combining (EGC), where L uncorrelated copies of the received signal
are directly combined (summed) to produce a single output. Under EGC diversity, if each of the
L diversity branches is described by a Nakagami- distributed random variable, with parameters
m, and Q,, then the combined output approximately follows a new Nakagami- distribution [44]

with parameters

Ilgl

m (61)

0

[(m, +1/ 2)

Q=1Q +L(L-1 Q, ,
o+ ) ”’nrz(”’o)

(62)
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and the fading correlation parameter p, assuming the existence of iid. (independent and
identical distributed) diversity branch signals, of the diversity-combined output is equal to the
correlation coefficient before equal gain combining [29], which is given by equation (60).

Section 5.3.1 presents the performance results at the AAL2 layer over a correlated fading
channel using diversity. The channel model follows the analytical derivation presented in this
section. In Appendix B, Section B.2 presents the detivation of the FSMC model parameters that

were used to obtain the numerical results in Section 5.3.1.

5.3.1 Numerical Results

The numerical results presented in this section illustrate the performance of the AAL2
standard over a correlated fading channel in the presence of Equal Gain Combining (EGC)
diversity reception. The CPS-PDU structure shown in Figure 5.14 is considered for the
derivation of numerical results. The analysis assumes that AAL2 packets are not mapped beyond

the boundaries of a CPS-PDU (i.e., M’ = 0) and the CPS packets are assumed to be of equal
size. The FSMC model is composed of a 6 state Markov chain and the channel BER is € = 10°.

”0 S HI PI Hn P L] HN P.V HN'I
CPS| | ATM M [cps CPS CPs CPs| | ATM M
PH | | Mesder [STF|bits| Pt | CPSPP e | ol [ CPSPP L ee] b 1 CPSPP | ot | | Header |STF! bits

fo— Packet | —yi  jo— Packetn —y} e Packet N )

Figure 5.14: CPS PDU structure.

Performance results, presented in Figure 5.15, show the case in which diversity is not used
and assume a CPS-PDU composed of seven AAL2 packets, each with CPS PDU payload of size
equal to 24 bits (3 bytes). Figure 5.15(a) shows the results for the performance metric #CLR, for
the CPS packets 1 through 7, as a function of the argument 2af,t,, which is related to the

behaviour of the fading process.
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Figure 5.15 Numerical results for CPS packets 1 through 7
(without diversity).
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From Figure 5.15(a) it is clear that the #CLR performance is best for CPS packet 1 and
degrades with each subsequent CPS packet in the CPS-PDU payload. This behaviour is
explained in view of the fact that the successful delivery of the CPS packet to the higher layers
requires that the header of the CPS packet be correct, and in addition, that all headers from
previous CPS packets in the CPS-PDU payload be correct. Figure 5.15(b) shows performance
results for metric #PBER. It should be noted that performance results obtained for this metric
are very similar to the results obtained for mCLR. From this observation it is clear that the main
factor contributing to the BER seen by the higher layer is the #CLR, more specifically, the
payload errors due to discarded CPS packets. Recall that, by definition of »PBER, bits lost at
the ATM/AAL2 are considered bit etrors at the higher protocol layers.

Results for performance metric #PER are shown in Figure 5.15(c). From this figure it is

observed that performance #PER degrades, as argument 27f,t, increases (fast fading), undl it
converges to a value of mPER = 10”. Whereas for low values of argument 2nf,t, (slow fading),

performance metric #PER improves for each CPS packet. This result is explained by the fact
that under slow fading if the channel falls in a deep fade then the receiver will experience a long
burst of errors, as the model BER is fixed this implies that long burst error periods are followed
by equally long error-free periods thus reducing the probability of lost/discarded AAL2 packets.
On the other hand, under fast fading the channel tends to behave like a random channel as the
receiver experiences short but frequent bursts of etrors, therefore the probability of corrupted
ATM and AAL2 headers increases. It is important to recall that a CPS packet can be mapped
across CPS-PDU payload boundaries; in this case, the CPS packet is split into two parts, which
are conveyed by two separate ATM cells. Performance metrics for this scenario are not
addressed in this study, but the results are expected to be worse than those in the case where a
CPS packet is conveyed in a single ATM cell, as the successful delivery of the CPS packet

requires the correctness of two rather than one ATM cell headers.

Figure 5.16 show the performance results for the case with EGC diversity using two

diversity branches (i.e. two antennas).
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The numerical results show that the probability of errors, experienced by the ATM/AAL2
layers, has dropped to approximately 4.5x10°, which is more than two orders of magnitude
compare to the case where diversity is not used. From Figure 5.16(a) it is observed that the
probability of a lost AAL2 packet has dropped below 10, whereas for the case with no diversity
mCLR is greater than 107

Since AAL2 can accommodate CPS packets of varable payload size, it is of interest to
study the performance of the AAL2 standard over the wireless channel for CPS packets with
different payload sizes. For this purpose, numerical results for CPS packets with payload size
equal to 24, 96 and 352 bits are presented in Figure 5.17. The results shown in these figures
represent the average values over all CPS packets that are carried in the CPS-PDU payload for

the case with no diversity.

From Figure 5.17(a) it is observed that the performance with respect to metric #CLR
improves for large CPS packets. For large CPS packet payloads, the number of CPS packets that
are carried in the CPS-PDU decreases and so does the number of CPS packet headers, thus the
probability of corrupted headers affecting the CPS packet delineation decreases. In Figure
5.17(c), contrary to the behaviour exhibited by #CLR, the performance with respect to mPER
improves for CPS packets with small payload size. By definition, #PER is associated with the
rate of errors in the CPS packet payload given that the header/control fields are correct;
therefore it mainly depends on the impact of the error process over the CPS packet payload.
Consequently, the probability of errors in the CPS packet payload increases with the size of the
payload field.

The performance results presented in Figure 5.18 analyze the same performance metrics
presented in Figure 5.17 for the case in which EGC diversity with two diversity branches is
implemented. In Figure 5.18(a) performance results for metric #CLR show that the probability
of a lost CPS packet is below 10~ regardless of the CPS packet payload size. Furthermore, it is
observed that mCLR performance remains constant as argument 2nf,T, varies, thus the
introduction of EGC diversity results in a mechanism resilient to fading variations. Figure
5.18(c) shows performance results for metric mPER, in this case it is observed that the
probability of errors over the payload of a CPS packet remains the same regardless of the size of
the CPS packet payload.

92



(®)

©

1.E+00

1.E-01

mCLR

--—24
---96
352

1.E-02 T y
1.E-03 1.E-02 1.E01 1.E+00
2nf,r,
1.E+00 —n e S s -~ - -
—-24
---96
352

[+ 4
w
%
1.E-02
1.€.03 1.E-02 1.E01 1.E+00
23'11’.
1.E-02 - i
24
---96
—e— 352
[ 4
E 1.6-03 § .
1.E-04 v v —
1.E-03 1.E-02 1.E-01 1.E+00
Zﬂ.r.

Figure 5.17: Performance results for different CPS-PP size

(without diversity).

93



VEQ2 g o e e

24
-~ 98
-&— 352
% >y
(a)
1.E-04
1.€.03 1.E-02 1.E-01 1.E+00
2nf,r,
1EQ2 7 - -+ e e e . S =
--—24
-&-96
- 352
&
% 1.E-03
1.E-04 y
1.E-03 1.E-02 1E-01 1.E+00
2nf,r,
1E04 - ——— - -—- — -- C e e
-—24
---96
- 352
[ 4
'é‘ 1.E-05
(©)
1.E-08 - v \
1E-03 1E-02 1.E-01 1.E+00
2!'.'.

Figure 5.18: Petrformance results for different CPS-PP size
(using 2 branch diversity).

94



5.3.2 Summary

In this section we evaluated the performance improvements at the AAL2 layer by
introducing diversity reception to improve the system performance at the physical layer. The
numerical results presented in this section assumed the use of Equal Gain Combining (EGC)
which is considered to be a space diversity mechanism. Other space diversity techniques include
Selection diversity and Maximal Ratio Combining (MRC) diversity. From the previous diversity
techniques Selection diversity is the simplest diversity technique; however the performance
improvements are not comparable to those that can be achieved under EGC or MRC. It is well
known that MRC provides the best performance improvements [74], however Equal Gain
Combining is less complex and easier to implement and it can provide performance

improvements which are close to those of MRC.

The performance analysis of a system using Equal Gain Combining required the
derivation of a FSMC to characterize the statistical ime varying dynamics of the fading signal
and at the same time incorporate the effects of the diversity reception. In the previous sections

we relied on the Gilbert-Elliott model, however this model is not suitable for the analysis of a

system with diversity.

The numerical results have shown that the implementation of a two branch Equal Gain
Combining diversity receiver greatly improves the performance of the AAL2 standard over
correlated fading channels. The introduction of EGC diversity has the effect of reducing the
probability of bit errors experienced at the ATM and the AAL2 layers, consequently the
probability of lost AAL2 packets or the probability of bit errors in the payload of the AAL2

packets is reduced.

Another observation is that the introduction of diversity results in a system which is

resilient to fading variations. That is, the numerical results indicate that the probability of losses
at the AAL2 layer remains unaffected to variations of the fading argument 2nf,t,, which is
related to the characteristics of the fading channel. For example, small values of the argument
2nf,t, correspond to a slow fading channel, were as large values of the argument 2nft,

correspond to a fast fading channel.
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Another interesting observation is that the numerical results derived for performance
metrics mCLR, mPBER and mPER resemble the results derived under the Gilbert-Elliott
channel model. That is, the results derived for large values of the argument 2nf,1, (fast fading)
seem to resemble the results derived for small mean burst lengths in the Gilbert-Elliott channel.
In the same way, the performance results derived for small values of the argument 2nf,t, (slow
fading) seem to resemble the results derived for large mean burst lengths in the Gilbert-Elliott
channel. This observation confirms a statement made earlier which implied that a simple
channel model, such as the Gilbert-Elliott model, can provide enough insights without the

complexity of a more elaborate FSMC model.
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Chapter 6 An Error Resilient Frame Structure for the

AAL2

6.1 Introduction

One of the main charactenistics of the AAL2 standard is that it improves bandwidth
utilization by multiplexing low data rate and delay sensitive traffic from multiple sources into a
single ATM virtual circuit. Nevertheless, as currently specified, the AAL2 standard does not
perform very efficiently under high bit error rate links. One of the reasons for the poor
performance of the AAL2 standard is because it introduces a frame structure within the payload
of each ATM cell. The frame structure, as defined in the AAL2 standard, introduces additional
header fields as part of the structure of each AAL2 packet. These AAL2 header fields can be
corrupted by bit errors resulting in the discard of the AAL2 packets at the AAL2 layer. In
addition, the AAL2 standard introduces a mechanism for the delineation of AAL2 packets
inside the payload of the ATM cells, and the delineation mechanism is vulnerable to bit error on

the AAL2 packet header fields.

In Chapter 5, we evaluated the performance improvements at the AAL2 layer by
introducing diverse approaches to improve the performance of the AAL2 standard in error-
prone links. Such approaches included the use of Forward Error Correction codes, as well as,
the introduction of diversity mechanisms. In this chapter we propose a new approach to
improve the performance of the AAL2 standard over error-prone channels. The proposal deals
with the introduction of a novel mechanism for the delineation of CPS packets within the
payload of the ATM cells. In addition the proposed mechanism can reduce the required
overhead, due to the delineation fields, while preserving the interoperability with the standard
AAL2.

This chapter is divided into 7 sections. Section 6.2 presents a description of the
delineation mechanism used in the AAL2 standard. Section 6.3 describes the proposal of a new

delineation mechanism. Section 6.4 describes how the new delineation mechanism is used to
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modify the delineation mechanism in the AAL2 standard. Numerical results, following an
analytical approach, are presented in Section 6.5. And Section 6.6 presents simulation results to
validate the results presented in Section 6.5. Finally a summary of this chapter is presented in

Section 6.7.

6.2 Delineation over Standard AAL2

The AAL2 standard achieves efficient bandwidth utilization by multiplexing data from
multiple sources within the payload of the AAL2 Common Part Sublayer Protocol Data Unit
(CPS-PDU). The CPS-PDU consists of a single byte start field, STF, and a 47-byte payload. The
CPS-PDU payload may carry zero, one or more (wmplete or partial) CPS packets. Each CPS
packet is composed by a three byte Common Part Sublayer Packet Header (CPS-PH) and a
variable size Common Part Sublayer Packet Payload (CPS-PP) [12], as shown in Figure 6.1.

Pointer Lenagth lndkamr.l "‘Lngtll Ildkalg‘
[y [ |

CPS-FPH Crs-rH
(3 bytes) CPS-PP (3 bytes) CPS-PP Padding

LE XY

< CPS-PDU "

Figure 6.1: CPS packet delineation over standard AAL2.

Under the AAL2 standard, the CPS packet delineation is achieved by identifying the
position of the first CPS packet in the CPS-PDU payload and then deriving the position of each
subsequent CPS packet. To this matter, the STF field contains the required information to
identify the position of the first CPS packet, while the Length Indicator (LJ) field in each CPS-
PH is used to derive the position of each subsequent CPS packet within the CPS-PDU payload,
as depicted in Figure 6.1.
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There are a variety of issues related to the delineation mechanism used in standard AAL2,
especially when AAL2 packets are being transmitted over highly error-prone channels. One of
these issues is related to the underlying dependency between CPS packets, as a result of the
delineation mechanism. In other words, for a CPS packet not to be discarded it is required that
its CPS-PH be correct (i.e., error-free) in addition to any previous header fields required to
preserve delineation within the CPS-PDU payload, as depicted in Figure 6.1. For example, the
first CPS packet in the CPS-PDU payload only relies on the ATM header, the STF and its own
CPS-PH being correct for the CPS packet not to be lost or discarded at the ATM or AAL2
layer. On the other hand, the second CPS packet will have to rely on the same header fields as
the first CPS packet, in addition to its own CPS-PH field. This means, that CPS packets can be
discarded as a result of lost delineation within the CPS-PDU payload or lost due to a discarded
ATM cell.

6.3 Improved Delineation Mechanism

The previous secton described the structure of the AAL2 packet, including the
mechanism used for the delineation of CPS packets within the CPS-PDU payload. In this
Section a novel delineation mechanism is proposed for the delineation of CPS packets. This new
delineation mechanism has been designed to improve the performance of the standard AAL2
packet structure in the presence of bit errors. This is achieved by introducing a new delineation
field that maps the information regarding the location of CPS packets within the CPS-PDU
payload, while reducing the overhead required for delineation of CPS packets. In addition, the
proposed mechanism preserves most of the functionality provided by the standard AAL2.

According to the AAL2 standard, each CPS-PDU is composed of a sequence of 48 bytes.
Within the CPS-PDU, the CPS packet delineation is implemented by means of the Start Field,
STF, and the Length Indicator, LI, present in each CPS-PH. The proposed delineation
mechanism is implemented by introducing a new Delineation Field (DF), which replaces the
functionality provided by the STF and L/ fields. Figure 6.2 depicts the process by which the new

delineation field is created.
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Figure 6.2: Delinecation mechanism process.

In the process depicted in Figure 6.2, the first step consists in determining the position of
CPS packets within the CPS-PDU. A delineation string is used to identify the position of AAL2

packets within the CPS-PDU. In the last “Processing” stage the delineation field, DF, is derived
from the delineation string.

le CPS-PDU o
I (48 bytes) i
I_EJ g’m CPS-PP a 6';;‘“) m CPS-PP

LoJ[1][o][o][o][o] cov____J0J[1][0][0][0][o]

Y X X3 X4 X5 Xg
L Sequence S, N
" (48 bits) L

T4y Xea Fas X Y47 Xeg

Figure 6.3: Delincation sequence mapping.
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The first step outlined in Figure 6.2 is achieved by representing the CPS-PDU as a
sequence §; = (x;, X, ---, Xg) Of 48 bits (6 bytes), where 7 =1, 2, ..., N, and N, is equal to the
number of possible combinations of §, Furthermore, there is a one-to-one correspondence
from each of the 48 bytes from the CPS-PDU to each element x,, £ = 1,2,..., 48, as depicted in
Figure 6.3. By definition, all elements x, are equal to zero, except for those elements that are
mapped from the CPS-PDU and correspond to the beginning of a CPS packet, for these cases,

element x, will be equal to one. Thus, sequence S; is composed of the elements

xe{01}VE=12,..., 48

Due to the structure of a CPS-PDU, not all possible vectors (x;, x,,..., x,;) correspond to
a valid combination of sequence S,. For instance, x; is always equal to 0 because the first byte in
the CPS-PDU is allocated to the STF field. Furthermore, if x;, = 1 for any 2 < £ < 48, then x;.,,
Xga and x5 are equal to zero because each CPS packet 1s at least 4 bytes long (i.e., the
minimum size of an AAL2 packet is 4 bytes); it consists of a 3 byte CPS-PH and a CPS packet
payload that is at least one byte long. In general, let S, be composed of a sequence of » bits.
Then, vector S, can be equal to any of (m,n1) possible sequences, where (m,4) is a function of all
the possible combinations of ones and zeros over » bits and # is equal to the number of
complete CPS packets over m bits. Recall that the minimum size of a CPS packet is 4 bytes,
which are mapped into sequence S, as a 4-tuplet, T. The 4-tuplet, T, is composed of a bit “1”

followed by three bits equal to “0”.

Let 7 be the maximum possible number of complete CPS packets (i.e.,, CPS packets with a
minimum size of 4 bytes that are not mapped beyond the boundaries of m bits) that fit within
bits, that is, n = Lm / 4], where Lx| is the largest integer smaller or equal than x. Then $(m,7) can

be evaluated as the sum of ¢,, ¢, and ¢,, where:

. ¢, is defined as the number of possible combinations of n+1 CPS packets over  bits.
That is, n CPS packets plus one CPS packet that is mapped across the boundary of the »

bits. Figure 6.4 depicts some instances for this case. Then ), is given by,
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Figure 6.4 Example of n + 1 CPS packets in m bits.

¢, is defined as the number of possible combinations of 1, 2, ..., n CPS packets over m
bits. That is, ¢, is equal to the number of combinationsof / = 1,2, ..., n 4-tuplets, T, over
(m-3i). Figure 6.5(a) shows some examples of this case. Furthermore, given that a CPS
packet can be mapped across CPS-PDU boundaries it is possible to have a situation as the
one depicted in Figure 6.5(b). So we also account for all the possible combinations of

(1) 4-ruplets over [-3(~1)], for j = m-3, m-2 and m—1. ¢, is given by,

b, {[(,,,.‘3,}]-2-! (j - (i'l))]- (64
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° ¢ is defined to be equal to one. This term accounts for the single case where no CPS

packets are carried over  bits and 5, is composed of a sequence of bits equal to “0”.

Therefore, the number of possible combinations of S, is given by,

Homn)= ,.; I:(m—'_’)i).{. ~Z‘: [,-_.3(1 - 1))]+ -i-((m—i)—3n]+ N )

For AAL2, it follows that element x; is always equal to zero, as it corresponds to the STF,
so m = 48 — 1 = 47. Thus, the number of possible combinations, of sequence

8= (i Xy -, X is N, = ¢(47, 11).

From the previous mechanism it follows that for AAL2 the size of any sequence S, is 48
bits (6 bytes), which results in a relatively high overhead for ATM. Due to the high redundancy
of data in sequence S, (i.e,, for £ = 1, 2, ... , 48, the number of elements x; equal to zero is
always greater than that of x; equal to one) it is possible to introduce compression, which

becomes the last step in creating the Delineation Field, DF.
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The compression of the delineation sequence, §, / = 1, 2, ..., N,, is achieved by
introducing the concept of a delineation matrix D. The 7 elements of the vector S, = (x;, x,, ... ,
x,) are mapped into the elements, 4, /=1,2,...,r and j=1,2,...,, of matrix D with r rows, ¢

columns and rc 2 m. Starting at x;, matrix D is filled one row at a time, thus 4; = x, following:
i=[kic], j=k-di-1) YV £=1,2,....m, (66)

where [ x| is the smallest integer greater or equal than x. Figure 6.6 illustrates two examples of

the mapping of delineation sequence S, into a delineation matrix D.

[11C2] 3] [s] [wobirs ] [as] [a6] [47] ag]

Sequence S,

into a delineation Matrix D

D]EIG]][ obisy |
mEL (20 bits) J@

(2x24)

ﬂ Mapping of delineation sequence S

(36 bits)

(8x6)

Figure 6.6: Mapping of a delineation sequence into a matrix D.

From the previous definition, it follows that there are many possible combinations such
that condition r¢ 2 m is valid. The selection of an appropriate dimension for matrix D must be
such that rc = mand r, c ¢ {1, m}. The selection of values for rand ¢ such that rc > » must be
avoided, as the number of possible combinations for matrix D will be greater than that of §,

which is equal to N,
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In the case of AAL2, 5, = (x, x5, ... , xyp) for 7= 1,2, ..., N_ and N_ = ¢(47, 11). This
means that possible values for rand ¢ for matrix D include 7, c € {2, 3,4, 6, 8,12,16,24} ¥V rc=

48. Mapping between elements x; and 4 is evaluated as previously described.

From matrix D, the sequence R is defined as the sequence of bits R; = (3, y, ..., ) for
£=1,2, ... N, that corresponds to a valid row vector, N, is equal to the number of possible
combinations (i.e., in the sample space R) of R; and ¢ is the total number of columns in matrix
D. In addition, the sequence L; is defined as the sequence of bits that form row vector 4, that is,

L = dy, dy .., d) forj =1, 2, ..., r. From the previous definition, it should be clear that

7

{L,'}/:l,z.“, €R
Under AAL2, the number of valid combinations of R; is given by,
N, =g Le/ 4. 67
Table 12 shows the values of N, assuming AAL2, for different combinations of 7, c € {2,

3,4,6, 8,12, 16, 24} for rc = 48.

Table 12: Size of sample space R.

Otrder of matrix D Ny
24 x 2 3
16 x3 4
12x 4 5
8x6 10
6x8 19
4x12 69
3x16 250
2 x24 3292

For any given matrix D, compression is used over all row sequences R, i = 1, 2, ... N, by
using Huffman codes [83]. Huffman coding is a statistical scheme that relies on the statistical

nature of occurrences of input elements, in this case R, for the proper assignment of Huffman
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codes to each input element. Consequently, there is one Huffman code for each sequence R,
Thus, for each row vector L, /=1.2,...,r in matrix D, there is also a Huffman code associated
withit,as [, € R,V /=1, 2,..., r. The sequence of bits from the Huffman codes associated with
L; are used to form the Delineation Sequence, DS, that is part of the Delineation Field, DF.

6.4 Improved Delineation Mechanism for the AAL2 standard

The introduction of the delineation field, DF, in the AAL2 packet will result in the
removal of the STF and LIs fields from the CPS-PDU. The DF field provides for functionality
equivalent to the STF and LI fields, which are required for the delineation of CPS packets
within the CPS-PDU.

IR NN NN
H N
CID uutl | E CPS - INFO
C NG
LSPS-Padct Header (CPS-PH) | CPS-Packet Payload (CPS-PP) N
L CPS-Packet X
g e
CID Channel Identifier (8 bits)
uul User-to-user Indication (S bits)
HEC Header Error Control (3 bits)

CPS-INFO Information

Figure 6.7: Proposed CPS packet format.

The removal of the LI field (6 bits) from the CPS-PH results in a CPS-PH of size 18 bits,
which is not a multiple of eight. Thus, in addition to the removal of the LI field, it is further
required that two additional bits be removed from the CPS-PH. It is proposed that the HEC
field contains the remainder of the division (modulo 2), by the generator polynomial X*+X+1,
of the product of X’ and the contents of the first 13 bits of the CPS-PH. In this way, the HEC
field will only require 3 bits and therefore the resulting CPS-PH will be further reduced to a
more suitable size of 16 bits (2 bytes). Figure 6.7 shows the format of the CPS packet under the

proposed delineation scheme.
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A novel mechanism has been proposed for the introduction of a new Delineation Field,
DF. Furthermore, this mechanism introduces the concept of a delineation matrix D and Table
12 shows all possible options for selecting the order of matrix D. However the question of

selecting a proper delineation matrix D for the particular case of AAL2 has not been addressed.

The selection of an adequate matrix D relies on the constraint that the overhead
introduced by the new delineation mechanism should not be greater than the overhead required

in the standard AAL2.

Table 13: Huffman codes size for R..

. Max. Huffman
MauixD | N, | Codes Size (bits)
24x2 3 2
16x3 4 3
12x 4 5 3
8x6 10 5
6x8 19 6
4x12 69 8
3x 16 250 9
2 x 24 3292 13

The process of creating the Delineation Field, DF, includes the compression of a vector
sequence S using Huffman coding. Under the constraint that the resulting DF field should be as
short as possible, Huffman coding is done by assuming a very high probability of occurrence for
the vector sequence S with elements all equal to zero; the resulting Huffman code for the
sequence all zeros will be 1-bit. A uniform probability of occurrence is assumed for the rest of

possible combinations of sequence 5. Table 13 shows the size of the largest resulting Huffman

code for different dimensions of matrix D.

Let N, be equal to the number of bits that are removed from the CPS-PDU for the
introduction of the new delineation field DF; that is, 8 bits from the STF field and 8 bits for
each CPS packet in the CPS-PDU payload. Let N, be equal to the size, in bits, of the resulting

delineation field DF. Then the overhead ratio, [} is defined as
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N,
r=-—=2t,
N, ©8)

It is clear that if /"> 1 then the overhead introduced by the new delineation field is greater than

overhead removed, N..

Assuming that N, = 1, 2, ..., 12 CPS packets, of equal size, are carried within the CPS-
PDU payload, then a possible set of values for sequence S is shown in Table 14.

Table 14: Delineation sequence strings.

Vector Sequence S,
0100000000000000000000000000000000060000000000000
010000000000000000000000010000000000000000000000
010000000000000001000000000000000100000000000000
010000000000010000000000010000000000010000000000
01000000001 0000000010000000010000000010000000000
010000000100000001000000010000000100000001000000
010000001000000100000010000001000000100000010000
010000010000010000010000010000010000010000010000
010000100001000010000100001000010000100001000000
010000100001000010000100001000010000100001000010
010001000100010001000100010001000100010001000000
010001000100010001000100010001000100010001000100

S|=[3]e|e| | |w]|s|wo]|~|2

Table 14 shows a set of vector sequences S; for the evaluation of the overhead ratio, I as
a function of the number of CPS packets, N, in the CPS-PDU payload. It should be noted that
the set of sequences §; shown in Table 14, is ideal for the evaluation of the overhead ratio I as

they include all possible worst-case scenarios for a given matrix D. In other words, by evaluating
these sequences, it is possible to analyze all those cases in which 2 minimum amount of

overhead N, is removed from the CPS-PDU while the size of the delineation field N, is

maximized.
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From the list of possible vector sequences §,, shown in Table 14, and assuming the largest
Huffman codes for different matrix D, shown in Table 13, it follows that it is possible to
evaluate the overhead ratio /" as a function of the number of CPS packets N,, and the order of

matrix D, as shown in Table 15.

Table 15: Overhead ratio, I, for a given matrix D.

. Number of CPS packets, N,
Matrix D
0 ]1[([2 ]3[4 [5|6|718[9|10|11|12
24 x 2 4 | 2 |133] 1 [0.8]0.67{0.71{0.63|0.56| 0.5 {0.45|0.42|0.38
16 x 3 3 (115]1 1 {0.8]0.67)0.57|0.63|0.56( 0.5 |0.45| 0.5 [0.46
12 x 4 2 115 1 |0.75{ 0.6 {0.67|0.57| 0.5 {0.44] 0.5 (0.45]0.42(0.38
8x6 2 1 1 {0.75] 0.8 |0.67[0.71|0.63{0.67| 0.5 |0.55(0.42]|0.46

6x8 1 1 {1 1]0.75/0.8(0.83{0.71}0.63|0.56| 0.5 {0.45/0.42/0.38
4x12 1 111 1 1 10.83(0.71]0.63|0.56| 0.5 {0.45[0.42]0.38
3x 16 1 1|1 1 10.8]0.67{0.57| 0.5 {0.44{ 0.4 {0.36|0.33|0.31
2x24 1 1 (133} 1 |0.8(0.67/{0.57] 0.5 {0.44] 0.4 |0.36(0.33(0.31

From Table 15, it is clear that the selection of matrix D of order 24x2, 16x3, 12x4, 8x6 or
2x24 are not good selections, as they have at least one case for which the overhead introduced
by the delineation field is greater than the removed overhead N, From the remaining options,
namely 6x8, 4x12 and 3x16, it is observed that the matrix D of order 3x16 provides the best

performance in terms of overhead reduction, as shown in Figure 6.8.
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For a matrix D of order 3x16, the overhead in bytes as a function of the number of CPS

packets is shown in Figure 6.9.

:

Overhead (Bytes)
=)

~N

Figure 6.9: Delineation Field, DF, for Matrix D (3x16).
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From Figure 6.9, it is observed that the size of the delineation sequence, DS, will range
from 2 to 4 bytes depending on the number of CrS packets. This requires a 2-bit delineation
sequence length indicator (DSLI) to be included along with the DS. The proposed values for the

length indicator and their description are presented in Table 16.

Table 16: Delineation sequence length indicator.

DSLI DS field length, |,
00 l,; = 1 byte
01 l,s = 2 bytes
10 s = 3 bytes
11 lps = 4 bytes

Figure 6.10, shows the structure of the Delineation Field, DF, in the CPS-PDU under the
proposed delineation scheme. It should be noted that results presented in Table 15, Figure 6.8
and Figure 6.9 have accounted for the introduction of the DSLI field, as part of the DF field.
Furthermore, a DSLI of size 3-bits is required for those cases in which matrix D has a
dimension of 24x2, 16x3, 12x4 or 8x6, as 1t is not possible to represent all possible lengths for

the resultng DS field with only 2-bits.

{1 .. 11

—-rug |-

N
™

i ATM Header DS
L DF R CPS-PDU Payload N
!: CPS-PDU =|'
DF  Delineation Ficld (1 1 4 bytes)
DSLI Delincation Sequence
Length Indicator (2 bits)

DS Delineation Sequence (3 to 27 bits)

Figure 6.10: CPS-PDU format using the DF field.
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Another functionality that is provided in standard AAL2 is padding within the CPS-PDU
payload. Under the proposed delineation mechanism, padding will be handled by setting to zero
all padding bits within the CPS-PDU payload, as it is done in the AAL2 standard.

CPS-PDU
(48 bytes)
crs-r ces CPs-FPH
B Obyes) crsme (32 bytes) (3 bytes) crs-rr Padding

= L

o[ 1][ol[olfello]l_ it ol 1]lolfo][o][o](1][o][o][o]

Y9 K0 Xy X2 Xy3 Xay Vg5 Xy Xy7 Xy
L Sequence S N
~ (48 bits) L

Figure 6.11: Padding indication within the delineation sequence.

In the vector sequence S, the element x; that corresponds to the beginning of the padding
string should be set to “1”, thus indicating the beginning of a “dummy” CPS packet, as shown
in Figure 6.11. After the DF field is decoded at the receiver side, the presence of all bits equal to
zero in the last “dummy” CPS packet will indicate the presence of padding bits.

The interoperability of the proposed scheme with standard AAL2 will require the
introduction of Interworking Function nodes which will allow the mapping between the
standard AAL2 protocol and the proposed modified AAL2 protocol. The implementation of
such Interworking Function nodes, as well as, the level of complexity introduced by such

devices remains a topic for future work.

112



6.5 Numerical Results over the Gilbert-Elliott Channel

The numerical results for performance metrics #»CLR and mPER, derived in equations

(35) and (38), are presented in this section.

For consistency with the results presented in previous chapters, the following channel
parameters were used for the Gilbert-Elliott model: steady state channel BER is € = 10 and

state bit error probabilities are P,(0) = 0 and P(1) = 0.5.

Since one of the main characteristics of the AAL2 standard is the ability to multiplex
information from multiple soutces, it is of interest to study the performance of AAL2 over the
burst error channel for CPS packets with different payload size. For this purpose, CPS packets
with payload size of 24 bits, 96 bits and 352 bits are analyzed and presented in this section.
Figure 6.12 shows performance results, as a function of the mean burst length 7, for each of the
CPS packets in the CPS-PDU for the case CPS-PP of size 24 bits, N = 7, under the proposed
delineation mechanism. Figure 6.13 shows performance results, as a function of the mean burst
length 7, for each of the CPS packets in the CPS-PDU for the case CPS-PP of size 96 bits, N =
3, under the proposed delineation mechanism. Figure 6.14 show average performance results, as
a function of the mean burst length 7, for each of the CPS packets in the CPS-PDU for the case
CPS-PP of size 24, 96 and 352 bits, under the proposed delineation mechanism.

In addition, simulations results are presented in Section 6.6. The simulation results were
obtained using the network simulator (ns-2) tool [55]. As part of the simulation, two ATM
nodes exchanged AAL2 packets (using the proposed delineation mechanism) over a link, which
is error-prone and characterized by the Gilbert-Elliot model.
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Figure 6.12: Performance results for CPS-PP size 24 bits.
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Figure 6.13: Performance results for CPS-PP size 96 bits.
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Figure 6.14: Average performance results.
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By comparing the performance results obtained using the proposed delineation
mechanism against the results obtained under the standard AAL2 delineation, it can be observed
that under the proposed delineation mechanism the probability that a CPS packet will be lost,

due to corrupted delineation fields, is essentially the same (for a given mean burst length 7 for
any CPS packet regardless of its relative position within the CPS-PDU or the size of the CPS
packet payload. For example for AAL2 packets with payload of 24 bits, in Figure 4.4(a) under
standard AAL2 delineation, the probability that the first CPS packet will get lost, for a mean
butst length 7 = 1, is equal to 0.03 (or 3%), while the probability that the last CPS packet is lost
is 0.16 (or 16%). On the other hand, in Figure 6.12(a) under the proposed delineation
mechanism, the probability that the first CPS packet will get lost, for a mean burst length 7= 1,
is equal to 0.03 (or 3%), while the probability that the last CPS packet is lost is less than 0.05 (or
5%).

6.6 Simulation Results

The numerical results presented in Section 6.5 relied on the analytical derivation of
expressions to evaluate the performance metrics of interest at the AAL2 following an approach
similar to the one described in Chapter 4. However the analysis relies on the assumption that
AAL2 packets are not mapped beyond the boundaries of a CPS-PDU. Recall that this
assumption is important in the derivation of closed form expressions. In this section, we present
numerical results obtained under simulation to be able to validate the analytical results presented
in Section 6.5. It should be noted that the simulation implementation allows for AAL2 packets
to be mapped beyond the boundaries of a CPS-PDU.

The simulation assumes two ATM nodes exchanging information over a FSMC modeled
link. Figure 6.15 shows the block diagram of the network architecture implemented in the ns-2
simulation. The functionality for the improved delineation mechanism for AAL2 is implemented
as part of the ATM/AAL2 Agents at the transmitter and receiver nodes, as illustrated in Figure
6.15.
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Figure 6.15: Block diagram of network architecture for improved AAL2 delincation.

At the sender the Traffic Generator Agent generates a constant stream of bits to the
ATM/AAL2 Agent. The ATM/AAL2 Agent receives the information from the Traffic
Generator Agent and encapsulates the information by creating fixed size AAL2 packets and the
AAL2 packets are structured as part of the CPS-PDU following the implementation for the
improved delineation mechanism described in Section 6.4. The information is then sent by the
ATM/AAL2 Agent to the physical layer and then transmitted over the link. The size of the
AAL2 packets is defined by a parameter specified as part of the simulation script. To keep track
of the bit errors introduced by the link, a string of 424 bits (all equal to “1”) is associated to each
transmitted ATM cell. Bit errors introduced by the link will result in a bit switched from “1” to

(KO’).

In the simulation the error-prone channel is characterized by a FSMC model. In this case
the channel is characterized by a two-state Markov chain (i.e., Gilbert-Elliott model). The
Gilbert-Elliot model parameters are specified as part of the simulation script. These parameters
include the channel BER ¢, the mean burst length 7 (i.e., the average time spent in the “bad”
state) and the probability of errors on each of the two states. For the purpose of the numerical
results presented in this section, the channel BER was set to € = 10” and the state error

probabilities were P,(0) = 0 and P(1) = 0.5.
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At the other end of the transmission link, the ATM cells are received and examined by the
receiver’s ATM/AAL2 Agent. If an ATM cell is flagged with bit errors, then the Agent will
proceed to check the ATM and the AAL2 headers. The simulator assumes that the HEC code in
the ATM header can correct up to one bit in error. The delineation field DF and the CPS-PH
fields (i.e., the AAL2 packet headers) do not provide for any error correction capability, as
defined in the ITU-T AAL2 standard. Thus the AAL2 packets will be lost if there are two or
more bit error in the ATM cell header or if an AAL2 header field is corrupted by bit errors. In
addition the ATM/AAL2 Agent keeps track of bit errors on those AAL2 packets that are not
lost or discarded at the ATM or AAL2 layer. Once the ATM cell has been inspected for bit

errors it is sent to a sink module responsible of destroying the ATM cell.

The numerical results obtained with the ns-2 simulator are presented in Figure 6.16. These
results are plotted against the mean burst length 7, which is defined to be the average time spent
on the “bad” state of the two-state Markov link model. In addition Figure 6.16 presents the
analytical results derived in Section 6.5 for comparison purposes. The simulation results are
plotted using solid lines and the plot labels have the notation (S), whereas the analytical results
are plotted using dashed lines and the labels have the notation (A).

From the performance results presented for the performance metrics illustrated in Figure
0.16, it can be observed that for an AAL2 packet with payload size of 352 bits (44 bytes) the
simulation results follow very closely the results derived with the analytical expression. This
observation is due to the fact that the AAL2 packets with payload size equal to 352 bits are
carried by only one ATM cell and therefore there is no impact due to AAL2 packets being
mapped beyond the boundaries of a CPS-PDU. On the other hand the performance results for
metrics #CLR and mPBER derived in the simulation are different to the numerical results
derived with the analytical approach using expressions (35) and (39), which are used to evaluate
the performance metrics #CLR and mPBER respectively. In Figure 6.16(a) it can be observed
that for small values of the mean burst length 7, the simulation results indicate that the
probability of losses for AAL2 packets with payload size of 24 bits is lower than that of AAL2
packets with payload of 96 bits, which is contrary to the numerical results derived with the

analytical expressions.
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Figure 6.16: Simulation Results.
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This observation can be explained as follows. The simulation implementation assumes
that the AAL2 packets can be mapped between two CPS-PDUs, that is, two ATM cells can
carry one AAL2 packet. It is clear that the probability of a lost AAL2 packet is greater for those
AAL2 packets that are carried by two ATM cells than that of the AAL2 packets that are carried
by only one ATM cell. This statement is derived from the observation that the probability of
losing an AAL2 packet that is carried by two ATM cells is a function of the probability that one
or both ATM cells are discarded due to bit errors on their ATM header fields.

To explain the simulation results for metric mCLR, illustrated in Figure 6.16(a), we

concentrate on the particular case where the mean burst length is equal to 7 = 1. The simulation
assumes that AAL2 packets can be mapped beyond the boundaries of the CPS-PDU. Then the
CPS-PDU frame structure for the AAL2 packets with payload size equal to 24 bits (3 bytes) is
like the one shown in Figure 6.17. In this case the AAL2 packets size is 5 bytes (recall that under
the proposed delineation mechanism the AAL2 packets header is only 2 bytes long). Based on
Figure 6.17 we can see that every 5 ATM cells results in one ATM cell which does not have the
last AAL2 packet being mapped beyond the boundaries of the CPS-PDU.

ATM Header ATM Payload
le ole —s]
1 5 bytes | DF - 4 bytes 8 AAL2 Packets 4byte
2 5 bytes | DF -4 bytes 1 byte 8 AAL2 Packets 3 bytes
3 Sbytes |DF-4bytes; 2bytes 8 AAL2 Packets 2 bytes
4 Sbytes |DF-4bytes{ 3bytes 8 AAL2 Packets 1 byte
5 Sbytes |{DF-4bytes{ 4 bytes 8 AAL2 Packets
L
Lo |
[ L
ATM Cell (53 bytes)

Figure 6.17: ATM cell structure for AAL2 packets of size 5 bytes

The same reasoning is derived for the AAL2 packets with payload size equal to 96 bits (12
bytes). The resulting AAL2 packets size is 14 bytes. Then based on Figure 6.18 we can observe
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that every 7 ATM cells results in one ATM cell which does not have the last AAL2 packet being
mapped beyond the boundaries of the CPS-PDU.

ATM Header ATM Payload
ke ole -
1 Sbytes | DF -4 bytes 3 AAL2 Packets 2byte |7
2 Sbytes |DF-4bytes{ 12bytes : 2 AAL2 Packets 4 bytes
3 Sbytes |DF-4bytes; 10bytes : 2 AAL2 Packets 6 bytes
4 Sbytes |DF-4bytes; 8bytes : 2 AAL2 Packets 8 byte
5 Sbytes |DF-4bytes; 6bytes 2 AAL2 Packets 10 byte
6 Sbytes |DF-4bytes; 4bytes 2 AAL2 Packets { 12 bytes
7 Sbytes |DF-4bytes; 2bytes 3 AAL2 Packets
I
e o
X -
ATM Cell (53 bytes)

Figure 6.18: ATM cell structure for AAL2 packets of size 12 bytes.

Then the performance metric #CLR can be derived as a function of the number »,_ of
AAL2 packets that are exposed to a low probability of losses (i.e., the AAL2 packets that are not
mapped beyond the CPS-PDU) defined as #CLR, and the number 7, of AAL2 packets that are
exposed to a high probability of losses (i.e., the AAL2 packets that are mapped beyond the CPS-
PDU) defined as mCLR,,. Then mCLR can be calculated as

n, -mCLR, +n,-mCLR,,
n_+n, '

mCLR =

(69)

The probability »CLR; can be evaluated by using a modified representation of Expression
(30), which is later used to evaluate the loss probability of the m-th AAL2 packet by means of
Expression (31), as explained in Section 4.2. Then the evaluated loss probability of the AAL2

packets that are not mapped beyond the CPS-PDU (for a mean burst length 7= 1) is equal to
mCLR, = 4.76x10? Similarly, the evaluated loss probability of the AAL2 packets that are
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mapped beyond the boundaries of the CPS-PDU (for a mean burst length 7 = 1) is equal to
mCLR,, = 7.83x10°. From these probabilities it is now possible to evaluate the loss probability
for the AAL2 packets with payload size equal to 24 bits given that n, = 40 and n, = 4 (as
illustrated in Figure 6.17), that is,

-4.76x107 +4-7.83x107 -
mCLR,, =04 6x1040+: 783x107 _ ¢ 13107, a0)
+

and the loss probability for the AAL2 packets with payload size equal to 96 bits, given that 7, =
16 and #,; = 6 (as illustrated in Figure 6.18), is equal to

6-476x1072 +6-7.83x107
16+6

mCLR,, = =5.6x107. 1)

The numerical result presented in (70) and (71) corroborate the simulation results

presented in Figure 6.16(a).

The numerical results for performance metric #PBER, illustrated in Figure 6.16(b), are
similar to those of mCLR. This observation has been explained in Section 4.3 and is due to the
fact that the performance metric #PBER is related to the performance mCLR, as defined in
Expression (39). Therefore the results presented for performance metric #PBER imply that the
probability of a lost AAL2 packet (or mCLR) has a very important impact on the error rate
observed at the layers above the AAL2 layer.

With respect to the numerical results for performance metric #PER, illustrated in Figure
6.16(c), we can observe that the simulation results agree with the analytical results derived in the
previous section. In Section 6.7 we present a summary of the most important results presented

through out this chapter.
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6.7 Summary

From the early stages of this research, it was clearly identified that the AAL2 standard was
vulnerable to bit errors due to the frame format introduced within the payload of the ATM cells.
In addition the AAL2 standard introduces a delineation mechanism, which is highly dependant
on the ATM and the AAL2 header fields being correct and etror-free, as demonstrated by
performance results presented in Chapter 4, where the performance of the AAL2 standard was
evaluated over error-prone channels. Consequently a new scheme has been devised and
numerical results have been presented to demonstrate the performance improvements over the

standard AAL2 delineation mechanism.

The numerical results presented in this section demonstrate that the proposed delineation
mechanism improves the performance of the AAL2 standard in the presence of bit errors. This
gain in performance is achieved by “equalizing” the performance of all the AAL2 packet,
regardless of their relative position within the payload of the CPS-PDU. Numerical results
presented in Chapter 4 have shown that under metric #CLR (probability of a lost AAL2 packer)
the first AAL2 packet immediately after the STF field has a better performance than the last
CPS packet within the CPS-PDU payload. Under the proposed delineation mechanism this is no

longer the case.

In addition, the implementation of the proposed delineation mechanism reduces the
overhead required by delineation header fields when the number of AAL2 packets within the
CPS-PDU payload is greater than 3.
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Chapter 7 Conclusions and Future Work

7.1 Conclusions

In this thesis we present a research study related to the deployment of the ATM
Adaptation Layer 2 in wireless ATM networks. The ATM Adaptation Layer 2 was standardized
by the ITU-T in recommendation 1.363.2 and it was designed to support low data rate and delay
sensitive traffic in ATM network. This study is motivated by the interest in evaluating the
performance of the AAL2 standard in error-prone links. For example, it is well known that the
ATM standard was originally designed to be used over highly reliable links, such as fiber optic
links, so it is clear that the bit error process will have an impact on the performance of ATM.
On the other hand, the AAL2 standard introduces a new frame structure inside the payload of
the ATM cells. This frame structure introduces additional header fields which are also vulnerable

to bit errors.

In Chapter 2 we present a description of the AAL2 standard. From this study we can
identify two issues of concern for the deployment of the AAL2 standard in WATM networks.
First, the AAL2 standard defines several header fields in the CPS-PDU structure. These header
fields do not provide any bit error correction capability (as opposed to the HEC field of the
ATM header) and bit error may result in corrupted header fields and therefore AAL2 packets
will be lost or discarded at the AAL2 layer. Second, the header fields in the CPS-PDU are also
used for the delineation of the AAL2 packets. Then a corrupted AAL2 header field may result in
more than one AAL2 packet being lost, that is, it is possible that a group of AAL2 packets may
be discarded as a result of lost delineation in the CPS-PDU. Having identified these issues, we
proceeded to identify a suitable work frame for the characterization of the bit error process at

the physical layer.

In Chapter 3 we have identified that the Finite State Markov Chain models provide a
suitable analytical work frame for the characterization of the bit etror process at the physical
layer. Based on the FSMC models it was possible to proceed with the performance analysis of
the AAL2 standard in Chapter 4. The Finite State Markov Chain model was used in the
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derivation of analytical expressions for performance metrics of interest at the AAL2 layer. Such
metrics included the probability of packet losses at the AAL2 layer, as well as the probability of
bit errors in the payload of the AAL2 packets. The numerical results presented in Chapter 4
have indicated that the performance degradation observed by the users of the AAL2 layer
(higher layer applications) is mostly due to the losses of the AAL2 packets. Another observation
was that the probability of a lost AAL2 packet increases for each packet in the CPS-PDU. That
is, the probability of losing the first AAL2 packet in the CPS-PDU is always lower than the
probability of losing any subsequent AAL2 packet. This result is cleatly related to the delineation
mechanism introduced by the AAL2 standard.

As a result of the impact of bit error in the header fields of the ATM/AAL2 frame
structure, in Chapter 5 we propose the introduction of well known techniques to improve
system performance, such as, Forward Error Correction codes and diversity techniques. The
first approach was the protection of the individual header fields by using BCH codes. The
numerical results indicated that the performance gains were not significant, especially when at
least one of the ATM or the AAL2 header fields remained unprotected by the BCH codes (see
sections 5.2.1 and 5.2.2). On the other hand, the probability of losing an AAL2 packet improves
once the ATM and the AAL2 header fields are protected with BCH codes (see section 5.2.3);
however this was only true when the physical channel is characterized by a bit error process with
a mean burst length in the order of 1 or 2 bits. The second approach was the use of Reed-
Solomon codes. This approach required the protection of the payload of a group of ATM cells.
The numerical results indicated good performance improvement, as compared to the results
obtained with the BCH codes. This observation is especially true for code rates equal or lower
than 0.8. However it should be noted that for a RS coder with code rate 0.8 the overhead is
approximately 20%.

Later in Chapter 5 we continue the analysis of the AAL2 standard in the presence of equal
gain combining (EGC) diversity. This study was motivated by the observation that performance
improvements with block codes were only good up to the point were the error correcting
capability of the code was not exceeded. That is, another approach had to be devised for error-
prone links which are characterized by large mean burst lengths. The numerical results clearly
indicate good performance improvements at the AAL2 layer in the presence of EGC. The

performance improvements are in the range of two orders of magnitude when introducing a
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two-branch diversity architecture. Therefore the use of EGC diversity is considered to be the
best way to improve system performance at the AAL2 layer in wireless ATM networks.
However this approach does not improve the probability of AAL2 packets losses related to the
delineation of AAL2 packets. That is, the probability of an AAL2 packets getting lost increases
with each AAL2 packet inside the CPS-PDU.

In Chapter 6 we proposed a robust frame format for the AAL2 standard. The proposed
frame structure improves the performance at the AAL2 layer by introducing a new mechanism
for the delineation of AAL2 packets. This mechanism reduces the probability of losing
delineation in the CPS-PDU due to corrupted AAL2 packet headers. In addition, the proposed
mechanism can reduce the overhead in the CPS-PDU payload by reducing the size of the AAL2
packet headers, which will make it possible to increase the bandwidth utilization of the wireless

links.

7.2 Future Work

The analysis presented in this work is based on the performance optimization of the
AAL2 standard over an error-prone link. As a result, diverse mechanisms have been proposed
to improve the system performance at the AAL2 layer. Such mechanisms have included the
introduction of well know techniques, such as, forward error correction codes and the use of
diversity mechanism. In addition a bit-error resilient frame structure has been proposed for the
AAL2 standard. This mechanism improves the petformance of the AAL2 standard by

introducing a robust delineation mechanism which is less vulnerable to bit error.

Future work may consider the benefits of combining the mechanisms presented in this
work. For example the proposed resilient mechanism for AAL2 (derived in Chapter 6) can be
analysed in conjunction with forward error correction codes or in conjunction with a diversity
mechanism. However, special care should be taken as such approaches may not reduce the
probability of losses at the AAL2 layer. For example, it can be foreseen that the resilient
mechanism proposed in Chapter 6 will not benefit from the introduction of a protection scheme
like the one presented in Section 5.2.4, where the Reed-Solomon codes are used to protect the

payload of ATM.
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Finally, it should be pointed out that the techniques presented in this work can be

introduced in the analysis of other protocols in the presence of error-prone links.
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Appendix A AAL2 Encoding Profiles (1.366.2)

Recommendation 1.366.2/ Annex P defines a set of ITU-T predefined profiles to be used
with audio information streams. Encoding profiles for audio algorithms G.711, G.726 and
G.729 are presented in Table 17 - Table 24.

Table 17: Profile using PCM-64.

(90 ¢ Packet Packet
codepoint | length Description of algorithm M time

range (octets) (ms)

0-15 40 PCM, G.711-64, generic 1 5

Table 18: Profile using PCM and silence.

10]8) | Packet Packet
codepoint | length Description of algotithm M time
range (octets) (ms)
0-15 40 PCM, G.711-64, generic 1 5
0-15 1 Generic SID 1 5

Table 19: Profile using ADPCM and silence.

[910) | Packet Packet
codepoint | length Description of algorithm M time
range (octets) (ms)
0-15 40 PCM, G.711-64, generic 1 5
0-15 25 ADPCM, G.726-40 1 5
0-15 20 ADPCM, G.726-32 1 5
0-15 15 ADPCM, G.726-24 1 5
0-15 10 ADPCM, G.726-16 1 5
0-15 1 Generic SID 1 5

137



Table 20: Profile using G.729 with higher efficiency and G.726 for voiceband data.

818} ¢ Packet Packet
codepoint | length Description of algorithm M time
range (octets) (ms)
0-15 40 PCM, G.711-64, generic 1 5
0-15 25 ADPCM, G.726-40 1 5
0-15 20 CS-ACELP, G.729-8 2 20
0-15 16 CS-ACELP, G.729-6.4 2 20
0-15 10 CS-ACELP, G.729-8 1 10
0-15 8 CS-ACELP, G.729-6.4 1 10
0-15 2 G.729 SID 1 10

Table 21: Profile using G.729 with lower delay.

UUl Packet Packet
codepoint | length Description of algorithm M time
range (octets) (ms)
0-15 40 PCM, G.711-64, generic 1 5
0-15 10 CS-ACELP, G.729-8 1 10
0-15 2 G.729 SID 1 10

Table 22: Profile using G.729 with lower delay and G.726-32 for voiceband data at lower rates.

uul Packet Packet
codepoint | length Description of algorithm M time
range (octets) (ms)
0-15 40 PCM, G.711-64, generic 1 5
0-15 20 ADPCM, G.726-32 1 5
0-15 10 CS-ACELP, G.729-8 1 10
0-15 2 G.729 SID 1 10

Table 23: Profile using G.729 with lower delay and G.726-40 for voiceband data at higher rates.

Uul Packet Packet
codepoint | length Description of algorithm M time
range (octets) (ms)
0-15 40 PCM, G.711-64, generic 1 5
0-15 25 ADPCM, G.726-40 1 5
0-15 10 CS-ACELP, G.729-8 1 10
0-15 8 CS-ACELP, G.729-6.4 1 10
0-15 2 G.729 SID 1 10
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Table 24: Profile using G.729 with full variable bit rates.

910 | Packet Packet
codepoint | length Description of algorithm M time
range (octets) (ms)
0-15 40 PCM, G.711-64, generic 1 5
0-15 30 CS-ACELP, G.729-12 2 20
0-15 20 CS-ACELP, G.729-8 2 20
0-15 16 CS-ACELP, G.729-6.4 2 20
0-15 15 CS-ACELP, G.729-12 1 10
0-15 10 CS-ACELP, G.729-8 1 10
0-15 8 CS-ACELP, G.729-6.4 1 10
0-15 2 G.729 SID 1 10
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Appendix B Derivation of FSMC model parameters

B.1 The Gilbert-Elliot Model

Pot

Pio

Figure B.1: Gilbert-Elliott channel model.

The Gilbert-Elliot model is characterized by a two state Markov chain, as illustrated in

Figure B.1. The derivation of the Gilbert-Elliott model parameters, in the context of this Thesis,
is based on the following factors: the channel bit error rate €, the state error probabilities P,(0)

and P(1), and the mean burst length t. Recall that the mean burst length is considered to be the
average time spent in state 1, which is defined to be the inverse of the probability of a transition

from state 1 to state 0, which is defined as p,,. Therefore, the transition probability p,, can be

evaluated in terms of the mean burst length 1,

Py =1, (B.1)

and the probability of a transition from state 1 to state 1, defined as p,,, is just the complement

of Expression (B.1). That is, p,, is equal to

Pn=1-p,. B.2)
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The next step is to derive the transition probability from state 0 to state 1, which is

defined as p,,. This expression can be evaluated from Expression (10), which is used to evaluate
the channel bit error rate in terms of the steady state probabilities 7, and &, and the state error

probabilities P,(0) and P,(1). Then p,, can be evaluated as

= (Pe (O) - 8)pm

pm £- B(l) 4 (B-3)

and the transition probability from state 0 to state 0, defined as p,, is just the complement of

Expression (B.3). That is, p,, is equal to
Pu=1- Py - (B4)

Then the transition probability matrix P is completely defined by evaluating Expressions
(B.1) - (B.4). The next step is to evaluate the steady state probabilities m, and ®,. These
probabilities can be easily evaluated in terms of the transition probabilites p,, and p,,,., as defined

in Expression (9).

B.2 The FSMC Model for Diversity

The FSMC model implemented for the diversity analysis relies on the statistical
characterization of the time varying fading process, as described in Section 3.3. The first step on

the derivation of the FSMC model parameters consists in evaluating the steady state probability
vector R. The analysis used in diversity assumes a FSMC composed of N = 6 states. Then, the
steady state probabilities 7t,, £ = 1, 2, 3, 4, 5 and 6 can be evaluated using the recursive algorithm
presented in [30],

T, =928 -1 . (B.5)
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Recall that the derivation of the FSMC model, as described in Section 3.3, departs from
the concept of appropriately partitioning the dynamic range of the fading amplitude into a finite
number of non-overlapping intervals. In other words, each state s5; can be derived in terms of

the non-overlapping intervals and the channel is said to be in state s, if the fading amplitude of

the fading signal falls within the interval defined by [a,,, a,). The derivaton of these non-

overlapping intervals is facilitated by using an altemate representation for the derivation of the
steady state probabilities %t,. Namely, the steady state probabilities 7, can be derived in terms of

the probability density function p,(c) that characterizes the fading process,
me= [ pald, (B.6)

and for a Nakagami- distributed fading process Expression (B.G) becomes

T = L(m,0,m x a:/lQ) ~L(m,0,m x aﬁ_lZ/Q)

: F(m) (B.7)

where 7 is defined as the Nakagami-» fading parameter, Q is defined as the mean square value
of the fading amplitude & and ['(a, z, 2)) is defined as the generalized incomplete gamma

function.

The numercal results, presented in 5.3.1, assume the use of Equal Gain Combining
diversity and the fading process is characterized by a Rayleigh distribution. Then the Nakagami-
m fading parameter on each diversity branch is defined to be equal to 7, = 1 (because of the
Rayleigh fading assumption). Also, without loss of generality, we assume a normalized mean

square value €, = 1 for the fading amplitude on each diversity branch. So the Nakagami-m

fading parameter 7 and the mean square value €2, assuming EGC diversity, are given by

m=Lm,, (B.8)
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2(m, +1/2)

Q=1Q, +L(L-1)Q, - rz(m ) R
(i i

B.9)

where L is equal to the number of diversity branches and I'(.) is defined as the Gamma function.

At this point the values of the fading amplitude levels @, are evaluated numerically using
Expression (B.7) beginning with a, = 0, as the Nakagami-» fading parameter m, the mean
square value Q and the steady state probabilities %, are known from Expressions (B.5), (B.8) and
(B.9) respectively.

Now we are in a position to evaluate the transition probability matrix P. The transition
probabilities p;, 7,/ € {1, 2, 3,4, 5, 6} can be evaluated in terms of the non-overlapping intervals

[a,.;, @) and the probabilities of a transition from one interval to another, as defined by,

p. = Pr[().’._I <a, <a;,a;, <a, <aj]- -[:,I. fll pA,.Az((lnaz)d(lldaz B10
! Prlo,, <q, <a;] r pa (o, Mda, .

It should be noted that the denominator of Expression (B.10) is equal to the steady state
probabilities T; and these probabilities have already been evaluated in Expression (B.5). The

numerator of Expression ((B.10)) is evaluated numerically using the joint probability density
function of a Nakagami-m distribution given by

4(a a )" expr_Z&l‘F_azz
192 Q ]_p ” m+l ZmlazJE (B.ll)
Pl\,..l\:(ul’az)= - 1 1~ [n-l YRS L
C(m)(1-p)y/p) Q Q(1-p)

It should be noted that all parameters in Expression (B.11) are known except for the
correlation coefficient p. The correlation coefficient is evaluated from Expression (60). For the

particular case of a Rayleigh distributed fading process, the correlation coefficient p is given by
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, B.12)

where J/(-) is the zero-order Bessel function of the first kind, t, is the channel symbol duranon,
/f+ is the Doppler frequency and # is the average scattered wave power normalized by the direct-
wave power, which is related to the Riean parameter K by & = K. It should be noted that the
numerical results presented in Section 5.3 are obtained as a function of the argument 2nft,,
which characterizes the fading channel. Therefore, the only unknown quantty in Expression
(B.12) is the value of +*. The analysis assumes a Rayleigh distributed fading channel, therefore we
rely on the definition of s* and assume a direct-wave signal power which is 10dB lower than the

average scattered wave power, that is K;; = -10 dB. Then 5* can be evaluated as
s =(oxem ), (B.13)
At this point we can evaluate all the transition probabilities p, using Expression (B.10).
The last step in defining the channel FSMC model is to derive the state crror probabilities P,(£),
=1, 2, 3, 4, 5, 6. The derivation of the state error probabilities is related to the

modulation/demodulation scheme that is in use. The analysis presented in Section 5.3 assumes a

non-coherent QPSK demodulation scheme. Therefore the state error probabilities are evaluated

as
1 o
P(k)= ™ f Ja(@)da)da, (B.14)

where expression ¢(a) for non-coherent QPSK is given by

e(a>=%erfc[ If’,‘—] (B.15)

pw
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where erfi(.) represents the complementary error function and N,, represent the noise power
after Equal Gain Combining. The noise power is calculated as follows, under Equal Gain
Combining the average noise power N, (dB) is just the sum of the mean noise power N’(dB) on

each diversity branch. That is,

Np‘.(dB)=iN'(dB) or N, =L-N". (B.16)

i=1

It should be noted that with all the information derived to this point it is possible to
evaluate the channel error rate in terms of the signal-to-noise ration (SNR). The relationship

between the SNR and the mean noise power is given by

SNR (dB)
o) =10 A’ ’ B.17)

SNR(dB) =%(dB) or -IF =

Where S is the signal power and is equal to the mean square value Q. Therefore, the mean noise

power can be calculated as

veaol ) ®-18)

Figure B.2, illustrates the channel BER as a function of the SNR. From the previous
analysis it is derived that the required SNR to achieve a channel BER of 10-3 is SNR(dB) =
23dB. This is the last value that is required to detive all the parameters of the FSMC model that

is used in Section 5.3.
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Figure B.2: Channel BER using EGC diversity.
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