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ABSTRACT

Hybrid ervor control techniques to improve data communication performance
for noisy channels have heen extensively studied. However, a growing concern
it communication system design is the impact of delay due to retransmissions
and/or delay-prone technologies on system performance, Previous analyses have
not considered various delay aspects of a liybrid ervor control system. Eflicient error
control techniques which are able to provice improved coding gain and throughput
by promptly malehing the crror corvection coding capability with the changing
shannel conditions have yeb to be developed and investigated.

In this thesis, delay-related performance characteristics are investigated fov
asynelirononr time division multiplexing links. Two different methods based on
an unbhedded Matkov chain model are developed and applied to the system with
& noisy feedback channel, yielding analytical expressions for the buffer occupancy
and bhie block delay. A recursive expression for packet loss probability for systems
with a finite transinitter bufler is obtained.

The conzepl of delay-limited error control coding is introduced for real-time
communicalions, Performance improvement by truncation ol a type-IT hybrid-
ARQ protocol with one retransmission is investigated in detail. It is shown that
the truncated protocol has a bounded delay and bounded ¢queue length under
typical commurication traflic conditions. The crror performance of the truncated
protocol is further analyzed for varions mobile fading channels,

Matched-rate hyb=id error control coding for both adaptive and non-adaptive
cases is also studied, A new adaptive error control protocol using Reed-Solomon
cades is proposed. The prote~ol uses novel feedback transmissions to achieve faster

estimation of channel states. Numerical optimization is carried out by introdue-




—
—

ing overall throughput and modified throughput as elliciency criteria, Based on
channel bit error rate measurement, optimun overall throughput is oblained with
minimum implementation complexity,

Our general conclusions are: (1) Both delay and packet loss can be greatly re-
duced by incorporating a Reed-Solomon code into the dataslink protocol for noisy
channels. (2) The truncated hybrid error control protocol caw provide coding gain
improvement and reduced delay over the conventional (untruncated) protocal. ()
Throughput efficiency of a type-I or type-TT hybrid-ARQ protocol can be signili-

cantly improved by using the proposed matched-rate error control technivpues,
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Without delay constraint,
electrical communication makes no sense.
To achieve
real-time commaunication
over a moisy channel
TEeMains
the most challenging problem
to researchers
in the area of digital communications.
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Chapter 1

Intrcocduction

1.1  Motivation for Research

The study of error contro! coding began in 1948 with the publication of Claude
Shannon's famous paper (98], Shannon demonstrated the existence of codes acliiev-
ing reliable communication whenever the dala ralv is smaller than a threshold ¢
called the channcl capacity. For the additive white Gaussian noise (AWGN) chan-

nel, the channel eapacity is given by

,
(! = Blog, [1. +-;;] , (1.1)
where 13 is the ehannel bandwidth and S/N is the ratio of signal to noise power
falling within the bandwidth, This remarkable result indicates that the ultimate
pecformance limit caused by channel noise is not reliability, as generally believed
before Shannon’s work, bul the rate at which data can be reliably transmitted.
The concept of channel eapacily is fundamental to communication theory and
is surprisingly powerlul and general, Tt can be applied to a large class of channel
models, whether memoryless or not, discrete or nondiserete, However, Shannon's
celebrated coding theorems are only existence theorems; they do not show how
promising coding schemes can be constructed, Since the publication of Shannon’s

paper, a considerable amount of research hag addressed the design and analysis




CHAPTER 1. INTRODUCTION 2

of practical coding and decoding techniques permitting reliable communication al
the data rates promised by the theory [9] [11] [17].

Taday, error control coding is an area ol increasing importance in digital com-
munications. System planners and designers must use sophisticated technigues to
cope with the ever-increasing demand for digital communication services, Perhaps
the most important advantage digital communicalions has over its analog conne
terpart is the ease with which coding can be implemented to significantly improve
communication performance,

The efficiency and reliability of a data communication system depend heavily
on the chosen data<link protocol. The basic function of a data-link protocol is to
provide an apparently error-free link between communication nodes in a network,
Most existing crvor control protocols, such as high data link control (IHDLC),
employ cyclic redimdancy cheek (CREG) bits to detect errors [97]. This type of error
control, which is called Automalic Repeat reQuest (ARQ), involves segmenting the
hit stream into hlocks and adding crror detection redundancy bits to each block,
Whenever errors are deteeted, the blocks detected in error are retransmitbed,

A major concern in mobile data communications is the control of transmis
sion errors when channel conditions are poor due to multipath fading, Doppler
effects and other interference. Under poor conditions in mobile data links, simple
ARQ-bhased protocols often provide very low channel efficiency, In recent years,
many hybrid error control protocolst have heen proposed to improve the channel
efficiency [1] ~ [123]. These more sophisticated protocols make use of hobli ervor
devection and error correction coding in ovder to achiove high throughputs and low
undetected crror probabilities for two-way mobile data communications,

Most of us have a reasonably good idea of the role of feedback in control
systems, where it is casior Lo make recursive corrections than open loop corrections,
Feedback also plays an important role in communications by simplifying the design

of error control coding, For example, HDLC with a suitably large boffer has heen
8 [ ,

LAlso called hybrid-ARC) sehemes in the literature,
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widely used for data Lransmission [10], Moreover, a communications system using
a hybeid protocol may he more reliable than a system using only pure forward
error correction, and have a higher throughput than a system with retransmission
only [68]. Since the error statistics on most real channels vary with time, adaptive
aerror control coding hag recently hecome an active research topic (61] [62] 78] [100]
[109] [110]. Obviously, adaptive error control must utilize some type of feedback
protocol ;

In the communications context, a feedback channel is often available, but both
transmission Lime and system complexity may be inercased if feedback is utilized,
Proper use of feedback can greatly alfect the trade-ofls in a communication system
design. However, to achiove real-time communication over a noisy channel remains
the most challenging problem Lo vesearchers in the avea of hybrid error control tech-
niques, For example, the next-generation of cellular and microcellular systems are
expected tagprovide efficient wircless transimission of speech, data, image, facsimile
and video signals between portable terminals and the wireline network within real-
Lime requirements, Here we use the word “real-time”* to mean that information
is delivered to the end user within the desired time period. As will be shown in
this work, hybrid error control techniques can offer promising selutions to various
real-time communications challenges.

Most performance analyses for error control coding reported in the literature
have been carrvied out by one of two research groups. One group has focused on
various ARQ and hybrid-ARQ protocols. For performance evaluation of these feed-
back protocols, throughput and undetected error probability are normally used.
The other group has only been concerned with forward error correction, using cod-
ing gain as a measure of the system performance, Common performance measures
are lacking, probably due o the fact that in the carly days the applications of

IMEC were mainly motivated by satellite communications [101], while ARQ was

*According to Webster's Ninth New Collegiate Dictionary, voal-time is the actual time during
which something takes place,
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very popular in computer data communications [107], Clonsequently, it has been
difficult to compare the performance of various coding schemes with and without
feedback,

We believe that much more research needs to be done in applying connmon
standards to effectively evaliate and compare the performance of different coding
schemes, More promising techniques can then be identified and developed to im-
prove system petformance in a cost-¢ffective manner, To pursue this ulbimate goal,
we are going o study various performance aspeets of Lighaid error control coding

techniques for digital communications in this work.

1.2 Contributions of the Dissertation

Hybrid ervor control techniques to improve data communications performance for
noisy channels have heon extensively studied, Hovever, a growing coneern in com-
munication system design is the impact of delay due W rebransmissions anel for
delay-prone techuologios on system performance, Previous analyses have nol con-
sidered various delay aspects of a hybril error conbrol system,  Eflicient error
control techniques which are able to provide improved coding gain and throughput
by promptly matching the error correction coding capability with the changing
channel conditions have yet to be developed and investigated.

In this work, the follawing three major contributions concerning improved pors

formance of hybrid error control technigues are reporbed,

1. Delay-related performance characteristics are investigated for asynchronous
time division multiplexing (ATDM) links with a hybrid-ARQ error cantrol
protocol. The protocol employs a Reed-Solomon code for both error detection
and error correction. The system is modeled ag an imbedded Markov c¢hain
with either finite or infinite transmitter buffer, T'wo different methods hased
on the imbedded Marko, chain model are applied Lo the gystem with a nolsy

feedback channel, yielding analytical expressions for the buffer cecupancy
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and the block delay, A recursive expression for packel loss prohability for

systems with a finite transmitter buffer is also obtained.

The concept of delag-Timited error control coding is introduced, In particular,
performenee improvement by truncation of a type-II hybrid-ARQ proticol
with one retransmission is investigated in detail, Tt is shown that the trun-
catad type-11 hybrid protocol has a bounded delay and bounded queus length
under typical communication traffic conditions. The error performance of
the trmicated protocol is further analyzed for mobile channels with Rayleigh,
Rice, Log-Normal, and normalized Nakagani-m. fading distrik-itions. Mean-
while, an analytical approach is developed to compare the power savings
of various crror control protocols, including the truncated protocol and the

conventional (untruncated) protocols.

A new adaptive orror control protocol using Reed-Solomon codes is proposed
and its throughput performance for a binary symmetric channel (BSC) with
a time-varying channel crror probability is analyzed. The novel protocol
makes use of received blocks sent back to the transmitter to achieve faster
estimation of channel states in & two-way data communication link, The
throughput capacity of hybrid error control protocols is identified and an
empirical adaptive algorithm is proposed. Mitched-rate error cortrol coding
for non-adaptive cases is also studied. A novel throughput criterion is pro-
posed Lo evaluate porformarnce based on channe) bit, error rate measurement,

and numerical optimization of the performance is undertaken,

The performance analysis results reported in this work have shown that the pro-

posed hybrid ervor control techniques offer improvea performance in the following

three aspects,

L.

Both delay and packet loss can be greatly reduced by incorporating a Reed-

Solomon code into the data-link protocol, cupecially for mobile data links,
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where severe fading may result in very poor performance when a pure ARQ

protocol is used,

2. The truncated protocol provides coding gain imnrovement over the untruns
] g8 !
cated type-I hybrid-ARQ protocol, The truncated protocol is therefore bowt

suited to power- and delay-limited mobile applications,

3. Throughput efficiency of a type-I or type-11 hybrid-ARQ protocol can he
significantly improved by using the matched-vate ervor control coding tech-

niques.

1.3 Organization of the Dissertation

An outline of the remainder of this dissertation is as follows:

Chapter 2 dogeribes the fundamental concepls in hybrid ervor control rescarel
and introduces important methods for performance evaluation in later chap-

ters.

o Chapter 8 investigates Lhe impact of a noisy feedback channel on transmis-
sion delay and packet loss for ATDM links with a hybrid-ARQ error control

protocol and a finite transmitter buffer,

o Chapter { studics the efficient use of a small numnber of fecdback signals
(with or without retransmissions) to achieve real-time communications. In
particular, time delay of a truncated type-I1 hybrid-ARQ protocol with one

retransmission is analyzed by using the method deveioped in Chapter 3,

o Chapter § emplays o unified analytical approach to evaluabe tie coding gain
of truncated protocols nn various mobile fading channels, The resulls are

compared with the performance of a conventional (untruncated) profocol,
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o Chapler 6 proposes a new adaptive error control protocol with feedback trans-
missions, and analyzes its throughput performance for a BSC with a time-
varying channel error probability. The matched-rate throughput capacity of

hybrid error control protocoly is also discussed.

o Chaprer 7 develops a pragmatic method for numerical optimization of overall
throughput. By numerical optimization, the optimum system parameters arc

found for type-1 hybrid-ARQ with BCIH codes and RS codes.

o Chapler & concludes this dissertation and provides suggestions for future

work whicl will extend the results of our investigation.




Chapter 2

Fundamentals of Hybrid Error
Control

In this chapter we give a historie overview of evror control for digital communica.
tions and examine the role of feedback in cormunicati-n, The fundamental issues
presented in this chapler form the basis of the whole thesis and most of them are

used in later cnapters.

2.1 The Classic Coding Problem

2.1.1 Forward Error Correction Coding

irror control coding is concerned with methods of delivering information from a
source to a destination with a minimum number of errors. There are three basgic
techniques for error control coding which are used in communication systemns:
forward error correction (I'KC), ARQ and a proper combination of G with
ARQ (hybrid) [L1] [68]. All three techniques add vedundancy to data prior to
transmission in order to reduce the cffect of errors at the receiver. 11O does
not need to have a leedback channel, while ARG requires a feedback channel for
necessary retransmissions.

The communication system depicted in Ifigure 2.1 employs IPEC, The source
generates data bits or messages that must be transmitted to a distant user over

a noisy channel. Cenerally speaking, a specifie signal s assigned to each of M

8




CHAPTER 2, FUNDAMENTALS 9

Binary
Daty
DATA ENCODER MODULATOR
SOURCE [~
Discrete i WAVETORM .
Data Channel y Noise
Binary
Data ;
DATA | DZCODER ' DRMODULATOR
STNK
Massunsesaboncnnsnnnevnnsanrsanien Py

Figure 2.1: Digital communication using forward error correction coding

possible messages thal can be emitted by the sonrce. The selection rule that
assigng a transmitted signal to each message is the code. The encoder implements
the selection rule, while the decoder performs the corresponding inverse mapping.
Because of channel noise, the transmitted signals may not arrive at the receiver
exactly as transmitted, causing errors to occur al the decoder input. A natural
design objeetive iy to seloct a code that will permit most of the errors to be corrected
by the decoder, thereby providing an acceptable level of reliability.

Coding is a desigh Leehnique which can fundamentally change the trade-offs in a
digital communicalion system. The most trivial example of coding is the repetition
of the same message on the trangmission channel. Heve it is clear that redundancy,
and therefore reliability, is oblained at the expense of transmission efficiency, or
bandwidth utilization, In general, ervor control eoding can increase signal quality
from problemalic to acceptable levels. If the attendant increases in complexity at
the transmitter and receiver i economically justifiable, and bandwidth utilization
is not unduly compromised, uselul performance improvements may result. Tor
example, with coding, less power may be required to communicate between a
satellite and a mobile terminal, Furthermore, coding may result in an increase in

the maximum niimber of mobile terminals per satellite,
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2.1.2 Basic Coding Process

FEC coding systems have teaditionally been divided into block and eonvoluiional
error-correction technigues,

In an (n, &) lincar block code, a sequence of k informalion bits is used to obtain
a seb of n — & parity bits, yielding an encodert block of n bits, Usually modulo-2
arithmetic is used o compute the parity bits. Modulo-2 arithmetie & particularly
suited to digital logic; addilion corresponds 9 the EXCLUSIVILOR operation,
while multiplication can be realized as an AND operalion, The code rate » iy
defined as r = k/n and n is callod the block length, Linecar codes form a linear
vector gpace; two code words can be added (modulo 2) to produce a third code
word,

The Hamming weight, of a code word ¢ is defined to be the number of nonzero
components of ¢, Tor example, the code word ¢ ==([LO101) has & Hamuning weight
of 4. The Hamming distance hetween two code werds e and g, denoted d(ey, ey),
is the number of positions in which they differ. For example if e = (110101) anl
¢y = (111000) then d(ey, ez) = 3, The mindmum distance d ol o linear hlock code
is equal to the minimum weight of its nonzero code words, A code ¢an correct all
patterns of ¢ or [ower random errors and detect all patlerns having no more Lthan s
errors, provided that & -k 26 ++ 1 < d. If the code is used for error correction alone,
any pabtern of L or fewer random errors can be corvected, provided that 204 1 < d.

A convolutional code of rate 1/v may be generaded by a I stage shift register
and v modulo-2 adders, For eacl input information hit, the output of the modulo-
2 adders provides v channel bits. The constraint lenglh of the code is defined as
the number of shilts over which a single inlormation bit can influenee the encodor
output, For the simple hinary convolutional code, the constraint lengih is equal
to K, the length of the shifl register,

Whether block coding or convolutional coding is used, the encoded sequence is

mapped to suitable waveforing by the modulator and transmitted over the noisy
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channel. The physical (or waveform) channel consists of all the hardware (for exam-
ple, filtering and amplification devices) and the physical media that the waveform
passes through, from the output of the modulator to the input of the demodulator.

The demodulator estimates which of the possible symbols was transmitted
haged upon an observation of the received signal. Finally, the decoder estimates
the transmitted information sequence from the demodulator output. The decoder
makes use of the fact that the transmitted sequence is composed of codewords.

Transmission errors are likely to result in the reception of a noncode sequence.

2.1.3 Coding Gain

It is often uselul to express coding performance not in terms of the error rate
reduction for a given signal-to-nowe ratio (SNR), but as the SNR difference at
a fixed by 2rror rate. Consider an "WWGN channel with one-sided noise spectral
density Ny and no restriction on bandwidth. Let [, denote the received energy
per bit. It can be shown [11] that if the SNR £2,/Ny exceeds —1.6 dB, there exists
a coding scheme which allows error-free communication, while reliable communi-
cation is not generally possible at lower signal-to-noise ratios. On the other hand,
it is well known that uncoded phase shift keying (PSIK) modulation over tire same
channel requires about 9.6 5 to achieve a bit error rate of 107%. Thus, as shown
in Migure 2.2, a potential coding gain of 11.2 df3 is theoretically possible.

Coding gair (in docibels, or dB) is defined as the difference in values of Ej/Ng
required to atiain a particular error rate with and without coding [12]. Notice
that coding gain is olten obtained at the expense of tratismission bandwidth*. The
bandwidth expansion is the reciprocal of the code rate. Coding schemes delivering
21y 8 dB coding gain are widely used in modern digital communicacion systems.
This is because of the plienomenal decrease in the cost of digital hardware and

the much less signilicant decrease in the cost ol analog components such as power

ixeept trellis-coded modalation.
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Figure 2,2: Performance of uncoded PSK over AWGN channel




CHAPTER 2, 'UNDAMENTALS 13

amplifiers, antennace and so on.

Practical communication systems rarely provide the ability to make full use of
the actual analog voltages of the received signal. The normal practice is to quantize
these voltages, If binary quaniization is used, we say that a hard decision is made
al the receiver as to which level was actually sent. For example, in coherent PSK
with equaily likely transmitied symbols, the optimum threshold is zero [12]. The
demodulator output is a one or a zero depending on whether the voltage is above or
helow the threshold, With coding, it is desirable to maintain an indication of the
reliability of this decision. A sofl-decision demodulator first decides whether the
voltage is above or below the decision threshold, and then computes a “confidence”
number which specifies how far from the decision threshold the demodulator output
is. This number in theory could be an analog quantity, but in most practical
applications a three-int (cight-level) quantization is used. It is known that soft
decision decoding is about 3 d3 more efficient than hard decision decoding at very

high 12, /No. A tigure of 2 df3 is more likely ab realistic values of 19,/Ng.

2.2 From ARQ to Hybrid Error Control

2.2.1 The Idea of ARQ and Hybrid-ARQ

In an auwtomalic repeal request (ARQ) system, whenever the receiver detects an er-
vot in the transmitted message, it sends a retransmission request to the transmitter
over a {eedback channel. These requests are repeated until the message is received
correctly. Three basie types of ARQ protocols are conimonly used: stop-and-wait,
go-back-N, and selective-repeat [26] [68] [97].

Because of its simplicity, ARQ is used in many data communications systems.
However, the iechnigue has a major shortcoming: the throughput efficiency may be
highly dependent on ¢hannel conditions, At low signal-to-noise ratios, the number
ol retransmissions required hefore a message is received correctly may be very

large, and hence involve a long time delay. This delay is unacceptable in some
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Figure 2.3: A hybrid-ARQ error control coding system

applications. One approach to reducing the time delay is the hybrid-A R protocol
of Figure 2.3. Here an ARQ protocol is used to obtain a desived crror rate, FIC!
coding is used to correct low-weight error patterns in cach message, reducing the
number of retransmission requoests.

In a type-I hybrid-AREQ system, the message and ervor detecting parity hits
generated by the ARQ protocol ave further encoded with an IPISC code [91]. AL
the receiver, the error correction parity bits are used to correct channel evrors, 'I'he
IPIEC decoder produces an estimate of the message and the ervor detection parity
bits. The resull is then tested by the ervor detection system to determine if the
message should be accepted as error free, or rejected as containing crrors. If the
channel signal strength is poor (high bit ervor rate), or il the message is long, the
probability of ervor-free transmission may approach zero. Under these conditions,
the efficiency may be improved by using a type-l hybrid protocol rather than a
simple ARQ protocol. lowever, il signal strength is adequate, the type-I hybrid
protocol involves a waste of bandwidth, because the errar correction parily bits
are unnecessary.

In a type-ll hybrid-AR(Q) system [69], the [(irst transmission of a message is
coded with error detection parity bits alone, as in a standard ARQ protocol, If
the receiver detects errors in the received block, it saves the erronconts bloek in

a buffer and requests a retransmission. The retransmitted information is not the




CHAPTER 2, 'UNDAMENTALS 15

original coded message, bul a block of parity hits derived by applying an I'EC
code to the message, The receiver uses these parity bits (which may themselves
he in error) to corveet, the block stored in the receiver buffer. If error correction
is not successful, subsequent retransmissions are requested, which may consist
of the original codeword or another block of ervor correction parity bits. The
retransmission format depends on the strategy and on the error correction code
used,  The intention of type-IT hybrid protocols is to provide the efficiency of
standard ARQ under good channel conditions while achieving the performance

improvement of type-T hybrid protocols under poor channel conditions,

2.2.2 Rate-Adaptive Hybrid Error Control

In order to cope with diverse system requirements and service options, rate-adaptive
hybrid error control protocols, in which the code rate is adapted to suit prevail-
ing transmission conditions [75] [115] [123], are very altractive, Such protocols
are applicable to satellite or mobile communication systems, where adaptive sig-
nal compensation may provide adequate performance when channel conditions ave
poor (due to rainfall or fading, ete.) without a permanent bandwidth reduction
caused by excessive coding overhead, In a rate-adaptive coding scheme, a high rate
code is used under good channel conditions to maintain a high information rate,
but as the channel condition worsens, the informalion rate is reduced by applying
lower rate codes to maintain the desired reliability.

Traditional convolutional codes are not well suited to rate-adaptive coding tech-
niques, because only low rate codes have been used. Tlowever, as data transmission
rates increase, the need inercases for good high rate convolutional codes with prac-
fical encoding and decoding techniques. High rate punelured convolutional codes
ard a significant recent development in which the difficultios usually associated with
decoding high rate codes are significantly reduced [19] [44]. Viterbi or sequential

devoding of rate 0/v punctured convolutional codes is no more complex than the
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decoding of rate 1/v codes. In fact, the punctured code is obtained in a straightfor-

ward manner from a “parent” rate 1/v code, while a Viterbi or sequential decoder

for the latter code can be casily modified to decode the punctured code, This

property makes punctured convolutional codes attractive for rate-adaptive appli-
cations - a single decoder can accommodate the entire family of punctured codes
arising from a single parent code,

Among the class of block codes, maximum distanee separable (MDS) codes are
particularly well suited to rate-adaptive eoding techniques. An (n, &) code for
which the minimum distance equals n - &+ | is said to be maximum distance
separable, MDS codes are oplimal in the sense that no (n, &) code has minimum
Hamming distance exceeding n— k-1, The MDS codes most often encountered in
practice are Reed-Solomon (RS) codes. RS codes are altractive nol only because of
the ease with which they can be decoded using Berlekamp’s decoding algorithm,
but also because they feature a wide variety of possible code rates and block
lengths, RS codes are suitable for rate-adaptive coding schemes because a low
rate parent RS code can he hroken down into several high rate subcodes, in much
the same way that a parenl, convolutional code yields high rate punciured codes,
The subcodes are themselves linear block codes having the MDS property, With
appropriate modifications, the decoder for the parent code can also be nsed to
decode the subcodes. Thus a single decoder may be used in a rate adaptive syslem
where the transmilter employs the subcode most suitable for the current channel

state.

2.3 Capacity of Communication Channels with
Feedback

2.3.1 Memoryless Channel Models

A model of a communicalion channel is a mathematical representation defined to

approximately describe the channel characteristics. It is conventional to define a




CHAPTER 2. I'UNDAMENTALS 17

channel model to include the modulator, the demodulator, and all the intervening
Lransmission equipment and media [81]. A discrele memoryless channel (DMC) is
defined by an M-ary set, of input symbols {zi, (¢ = 0,1,..,M — 1)}, a Q-ary set
of output symbols {y;, (j = 0,1,..,@ — 1)}, and a set of conditional probabilities,

called transition probabililies, which we can write as
Py = yjle = 2) = Py;|a:). (2.1)
The binery symmelvie channel (BSCY is an important DMC model having a

binary input, a binary ontput, and transition probabilitics given by

Ply=lla=0)=Ply=0x=1)=pn
Ply=0=0)=Ply=le=1)=1-p, (2.2)
where py is called the bit ervor probability and 0 < py 2 1.
Another important DMC model is the addilive white Gaussian noise (AWGN)

channel, which can he deseribed by

y =2 +ng, (2.3)

where ne is a zero-mean Claussian random variable with variance o2, and the input
& can have any one of M discrete values, That is, the conditional probability

density function of the ontput y, with an input 2, is given by

af Afam . Y2 2
Pyl = i) = —s=emlmn AT, (2.4)

For the AWGN channel model, the probability of a veceived bit being in error
is not dependent on whether one or more preceding bits were in error. As the
probability of error on each received bit is the same, Lthe performance of this model
cant ba conipletely deseribed by a single number, which iy denoted by py as in the
BSC nvodel,
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2.3.2 Feedback for Memoryless Channels

The idea of hybrid ervor control brings up the fundamental question of the role of
feedback in communication,

A measure of information for gencral sources was provided by Shannon [08]
with the application of the concept of enfropy to an information source, Consider a
source which produces any one of M symbols @y, 9, v 2ar, where Lthe probabilities

of occurrence are P(a), P(aa)y .oy P(aar); the entropy of the source is defined by

ZI’ Nlog P (). (2.5)

I represents Lhe uncertainty about the informalion belore it is received (rom
the source. In the case of error-lree transmission, the user receives uncorrupted
source sy* bols, aud the nneertainty about the source information vanishes com-
pletely as symbols are veceived, In this ideal case, the ehannel transfors information
from the source to the user al an average rate of 11 bits per symbol.

In all realistic cases, of course, transmission through the channel is not error-
free, and thus alter reception the user is lelt with some residual uneertainty, Min-
imizing this residual nneertainty while making eflficient, nse of gignal enevgy is the
essence of the communication system design problem,

Consider a DM model with a set of outpubs ¥y, 92,y yo. The mulnal infor-
mation associated with the transimission of ay and veception of y; is delined by

[40]
(sl

/ .
[(wijy;) = los/~[—,(—,,/;—)*‘ (2.6)

The overall rate of Lransfer of information through the channel can then he

caleulated by simply avoraging [(ai;y;) over all possible values of a; and y,, giving

us the average mulual information, defined by
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! M Q Ply;|a
) 1X5V) = 50 Pley;)log 312 @7)
| i=] f=1 I (.’/J)

which has units of bits per symbol when the logarithm base is 2. The capucily ol
a discrete memoryless channel is defined as the maximum value of I(X;Y) with

respect to all input distributions, that is,

¢ = max 1(X;Y). (2.8)

The most remarkable of Shannon’s resulls is the channel coding theorem which
The most remarkable of Shannon’s results is the ehannel coding theorem which
shows that it is possible (bul not how!) to transmit data with an arbitrarily small
error rabe, as long ag the data rate 12y £ €. As an example, it can be easily shown

that the capacity of the BSC is given by

Cuser =1 pylogpy + (1 = m)log(L — ) = 1 — H. (2.9)

If the bit error probability p = 0, Cpser = 1, i.e., we can transmit 1 bit per symbol.
On the other hand, if gy = 0.5, Cpse = 0, and the channel fails to transmit any
information at all. "Therefore, in using the BSC model, we need only consider
0<m £0.5.

A remarkable conclusion about f{eedback, which is also due to Shannon [99];
is that feedback docs nol improve the capacily of memoryless channels. However,
most real communication chiannels have been found to exhibit memory. Even when
considering the pure memoryless case, there are numerous results that indicate
that feedback may reduce the coding complexity. The simplest example of this
might, be the binary erasure channel, as shown in Pigure 2.4, in which one sends
X € {0,1} and recoives ¥ € {0,1,¢}, where ¢ denotes erasure, Suppose ¥V =

Xowith probability 1 — 8, and ¥ = ¢ with probability 8. It is easy to show
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Figure 2.4: Capacity of the binary erasure channel

that the capacity of the channcl is ¢ = 1 =6, hul is dilficult to achieve this
capacity without feedback, When feedback is used, however, the intended symbeol
can be retransmitted whenever an eragure is recoived, The expected number of
transmissions required Lo reveal a given symbol X is I/(1 — &), Thus (1 - d)n

transmitted bits require n transmissions and the resulting capaciby is ¢/ == | 8,

2.3.3 Feedback for Channels with Memory

It has been recognized [47] that when real systems ave measured wnder real aps
erating conditions in the field, the errors are found to arrive mostly in bursts, a
behavior which is not in accord with the AWGN madel, and which cannol bhe well
desczihed by a bit error probability, Such channels are said to exhibit memory,
i.e., statistical dependence in the occurrence of errors.

To control the errors effectively through some coding technique, it is necessary
to study the statistical dependence of the errors. The fact thal the errors tend
to oceur in bursts, i,¢., somewhat “predictably,” should prove to be advantageons,
In information theory parlance, this means channel memory increases capacity.
But how can memory be effectively exploited to realize the additional capacity?

This basic question has provided motivation for the development of channel models
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which reflect the statistical dependence of error occurrences [52]. Often, channels
with memeiy are modeled by using a Markov chain congisting of a finite number
of states with defined transition probabilities. Such models atternpt to simulate
Lhe transitions in real channel behavior from good to bad, and vice versa.

As was pointed oul in [52], one underlying reason that led to the development
of a variety of channel models is the quest to obtain a model that represents real
channels “better,” in the sense that a model should capture essential behavior
of a real channel, With successive refinements, it is of course natural that these
models tend to become increasingly complicated, sometimes becoming so unman-

[l

ageable as to be of little practical use for the original intended purpose of being
an intermediate step.

[t seems doubtful that any detailed models which could be constructed would
have general validity, even il enough data c~uld be collected to construct them
[47), Our purpose in using a channel model is aol to approximate a real error
source ag closely as possible, but rather , with minimal complexity, to obtain the
major channel characteristics with the statistics necessary for evaluation of error
control schemes, In this work, therefore, we will focus on performance evaluation
by using only the BSC and some basic fading channel models, Tor real channels
with memory, ideal interleaving will be assumed. Nevertheless, we would still like
to have a look al the role of feedback for channels with memory.

Clonsider the capacity of time-varying additive Gaussian noise channels with
feedback, It has been shown [25] [31} that the feedback capacity Cpp and the

nonfecdback capacily €' satisly the inequalities

Crg <2C (2.10)

and

Cpg < C -}-;15- (2.11)




CHAPTER 2. FUNDAMENTALS 22

in bils per symbol. We can sce that feedback can at most double the capacity,
and at most one half bit per symbol can be added for an additive Gaussian noise
channel, Therefore, fecdhack could tnerea~: the capacily of chanwels with memory,

It has recently been shown [63] that the channel capacity in a Rayleigh lading
envirenment [57] is always lower than in a Gaussian noise environnient, However,
the calculation was carried out in an average sense which did not take into account
the channel memory,

We wish to clarify the point that memory inereases channel capacily for binary
discrete channels. 1t has heen shown [L16] that the diserete memoryless process
has maximum entropy among the class of binary discrete stochastic processes with
error rate p and arbitrary memory length, In other words, the entropy for the

binary channels with memory has an upper bound, i.e.,

I1' < o, (2.12)

where Hy is the entropy lor a DMC with error rate py given by
P &

Hy = =plogpy = (1~ py)log(l ~ ). (2.13)

A process with a given ervor rate p can he said to have memory il'its 1 iy Joss

than Hy. The measure for memory, denoted as 0, can he defined by

g =11

. (2.14

Ty )

Thus a memoryless (0 = 0) process has maximum entropy [y, while a process

with 0 = 1 has zero entropy, i.e., there is no uncertainty about the relative error
locations, such as in a cyelic process.

In the case of a binary communication channel with memory and arbitrary

error rate p, the channel capacily is given by
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C=1-H Dbit/symbol. (2.15)

Let, Cy denote the capacity for the BSC with error rate p, then

Co=1— Hp, (2.16)

where 11y is given by (2.13).

I'rom (2.14), (2.15), and (2.16), we have

C = Co + 011y. (2.17)

The quantity 011y, therefore, characterizes the additional capacity of the chan-
nel with memory compared to the BSC. An ARQ or hybrid-ARQ protocol is more
officient in a burst, channel than a memoryless random channel. When a burst
of very unreliable data is reccived, retransmissions could provide a more reliable
group of symbols. Morcover, retransmissions can provide several copies of the
message which could be used to obtain a soft-decision sequence for the decoder by
using the code combining technique [21]. As a result, the additional capacity in a

channel with memory could be realized by using leedback.

2.4 Methods for Channel Error Rate Estima-
tion

Error detection with retransmissions is in fact adaptive, lrccause transmission of
recdlundant information is increased when errors oceur. Again, feedback plays an
important role during the coding adaptation. A plain ARQ protocol adapts slowly,
and the quest for move rapid adaptation leads to the concept of using variable
recdundancy codes and Torms the basis of type-11 hybrid-ARQ protocols and other

adaptive coding schemes,
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Perhaps the most diflicalt problem in implementing an adaptive coding scheme
is how to obtain a real-time adaptive algorithm, In other words, the channel
error characteristics should be identified within a few block transmission times,
Normally, channel noise is measured by using the “bit orvor rate™ (BER), although
this only makes sense if an AWGN channel 1 wadel i assumed.

There exist many techniques lor bit error rale measurement [LO3], but meane
ing the exact number " etroncous bits would require a lot of overhead and thus
reduce the transmission efficiency. A very simple method for BER estimation is
given as follows [77].

Let Pg denote the block ervor probability and py denote the bit ervor probability,

For a received block with length n, we have
8

Py =1 = (1 = m)" (2.18)

Assuming that py < 1 and that there is al most one erroncous hit. per block, then

I ) 1 9 R
Often py is very small so that the above bound is very tight, Thus we have
Y

Py

n

&
f

P y (2,20))

or

TNBE |

(2.21)

where TN B E i the total number of blocks in error and T'N 13 is the total number
of blocks, By aceumulating the values of TN 31 and T'N 13 over a long period, the

above formula does provide a real-time adaptive algoritlhon, However, ag pointed
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out in [47], such a long tern bit error rate is complelely meaningless as a descrip-
tion of practical communication channels, because real channels often have errors
oceurring in bursts.

Cther methods for rapid BER measurement include: (1) simply counting the
errors in the known synchronization saguence inserted in cach block; (2) comparing
the bit-ly-bit estimate obtained from the previous retransmitted blocks to the
new refransmitied block; and (3) estimating the BER based on signal-to-noise
estimations obtained from the demodalator.

Cousider a gencral adaptive coding scheme using a code with several possible
code rates which can he varied according to the c¢hannel condition. We believe
that the most practical real-time adaptive algorithm for real channels would be
to base the code rate on the previous transmission. Tor example. if the previous
transmission is a retrapsmission, then the code rate should be decreased by one
level to improve the ervor correction capability, Il the previous transmission is a
new transmission, then the code rate should be increased by one level. In Chapter 6
and Chapter 7, we propose more practical channel estimation methods which could

achieve our goal of malching coding capability wilth the veal channel conditions.

2.5 Performance Evaluation Methods

2.5.1 Reliability of Coding with Retransmissions

In the literature, the performance of various ARQ and hybrid-ARQ error control
protacols is generally measured by reliability statistics and throughput efficiency.
In an ARQ or hybrid-ARQ system, the receiver commits a decoding error whenever
it accepts a received block with undetected errors.  The reliability of a digital
communication system is quantified by its decoding error probability, denoted as

Pr( 1), which is defined as
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Pr(E) probability ol the occurrence of undetected crrors
Ty = it n - )
probability that decoding succeeds

' (2.22)

Clearly, for an error control system to be reliable, the () should be made very

small.

Consider an (n,k) linear block code, such as a CRC code, used for error detection

in an ARQ or hybrid-ARQ protocol. Let us define the following probabilities:
o P, — probability thal a received block containg no ervors.

o Py — probability that a received block contains an uncorrectable bul de-

tectable error pattern.

» P, — probability that a received block conlains an undetectable error pal-

tern.

The probability /% depends on the channel error statistics, and the probabilitics
Py and P, depend on both the chaqnel error statinties and the choiee of the (n, k)
error-detection code. P is normally called the undetected error probability of the
coén. Obviously, P+ Py -+ P = 1.

A decoded black is delivered to the end user only if it either contains no errors
or contains an undctectable ervor pattern, Since an undelectable error pattern can
occur on the initial transmission of a block or on any relransmission, ’r(1s) is

given by

PRI = Pt PP+t PEP, 4 ..

L
L= Py~ Pt P,

= P, , (2.23)

If the error-detection code is properly chosen, P, can be made very small relative

to P, and hence Pr(F) can be made very small. Notice that Py does not affect
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the reliability of an ARQ protocol. When a detectable error pattern occurs, the
received block is not accepted by the receiver and a retransmission is requested.
or delay-sensitive applications, we may consider the same scheme with n re-

transmissions only. 2r(1) is then given by

Pr(ll) = P,+ PyPy+ PP, + ..+ P3P,

1— Py P(1 - Prt)
1—P, = P.+P,

P, (2.24)

Consider now a basic ARQ protoco! on a BSC' channe; with bit error rate py,

we have

Py= (1= py)™. (2.25)

It has been proved thal [Mamming codes and the distance-5 primitive BCH

codes have an undetecled error probability P, satis(ying the upper bound [65] [66]

P, <ok, (2.26)

More recently, Kasami el al proved that there exist codes with P, satisfying

the tighter bound [54]

P 2m =R (1= 2p)" = 201 = )"}, (2.27)

lor 0 € py < 0.5. The codes satislying this bound include the distance-4 Hamming
codes, the distance-6 primitive BCI codes of length 2™ — 1 with m > 5, and the
distance-8 primitive BCI codes of length 2™ — 1 with m odd and m > 5. If a code
satisfying the above bounds is used for error detection in an ARQ or hybrid-ARQ
system, the Pr(l) of the system can be made very small by using a moderate
number of paxity bits. For example, the (2047,2014) teiple-error-correcting primi-

tive BCH code satisfies the hound given by (2.27). Suppose that this code is used
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for error detection in a hybrid-ARQ system. Let p = 10% (a typical high bit error

rate), Then P, ~ 1.25 x 107!, and P, €109, From (2.23), we have

p)
Pr(l}) = F{EF <8 x 107, (3,28)
From this example we see that high system reliability can be achieved by a coding
scheme with an ARQ protocol using very little parity overhead.

Consider nest the performance of maximum distance separable (MDS8) codes
when they are used for error detection in various coding schemes with retrany.
missions [53]. The most Important MDS codes are g-ary Reed-Solomon codes of
length n = ¢ - I [T4] [90]. ‘T'he RS codes make highly efficient use of redundancy,
and block lengbhs and symbol sizes can be readily adjusted to accommodalbe a wide
range of message sizes. RS codes also provide a wide range of code vates that can
be chosen to optimize performance, In particular, any shortened RS code is also
an MDS code, In addition, efficient decoding techniques are available for use wilh
RS codes.

Another important property of an RS code is the fact thal any & positions in
the codeword may be used as an information set. A very useful consequence of
this property is thal it cnables one to write down the exact weight distrilation
for any RS code. T'he weight distribution {A;} for an RS code or any MDS code

defined on G'f'(q) having block length n and mininnun distance o is given by

Pomtl - . )
pe= {1 Y=g (1) (22)
=0 \

Derivation of this weight distribution formula can he Tound iv [7] and [90].
A decoding procedure that corrects all error patlerns of weight [ or less and no
others, where [ < { and © is the largest integer equal to ov less than (d - 1)/2, is

called bounded-distanee decoding [81]. T we assume the decoder 1o Le a hounded
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distance decoder, then the weight distribution formula for the decodable words can
be used to find the undetected error probability for MDS codes,

When a codeword ¢ of a MDS code is transmitted over a communication chan-
nel, channel noise may corrupt the transmitted signals. As a result, the receiver
receives the corrupted version of the transmitted codeword ¢ + e, where e is an
error pabtern of some weight w, Il w < ¢, then a bounded distance decoder at the
receiver detects and corrects the error e and recovers ¢. If w > ¢, then the decoder

fails and cither

1. deteets the presence of the error pattern but is unable to correct it, which

corresponds to the probability £y, or

2. decodes Lhe received pattern ¢4 ¢ incorrectly to some other codeword ¢ if
the received pattern lalls within the radius of ¢ with distance smaller than

L, which corresponds to the probability P,.

In coding schemes with ARQ protocols, case 2 is more serious than case 1.
An undetected error can oceur when an error pattern e is of weight « > d — .
Assuine that all error patterns ol weight « are equally probable. McEliece and
Swanson offered an upper bound of 1/t! on P,(u), the conditional undetected error
probability lor RS codes (imore generally, MDS codes), given that u symbol errors
occur [78]. Later, Cheung obtained an exact formula for P.(u) [22]. Based on their
vestilbs, we can caleulate Py, the probability of decoder undetected error, which is
more useful when we apply RS codes to error control schemes with retransmissions.

For a q-ary symmetric channel, notice that
i n
o 31, d 5=t
Pr= ) Polu) ( y ) (L =)™, (2.30)
I T

where py is the probability of channel symbol error, The undetected error prob-

abilities ol two typical RS rodes showing the upper bound and the exact values




CHAPTER 2. FUNDAMENTALS

10" T T T T T T T

104 |- 9000 - upper bounds (31,15) RS Code A
g iAo st O
5 XKXX - exact values B
5 107 L )
B
3
S 1001 .
;

B ol )

P N B

[

Q

B -6k (255,223) RS Code

fe}

-

Q

B ojowt .
0.22 i 5 B L 1 i lltlll‘
: 10-2 10+ 100

probability of channel symbol error (Ps)

PFigure 2.5¢ Decoder undetected ervor probability of RS codes




average number of information symbols accepted al the data sink per unit time

CHAPTER 2, FUNDAMENTALS 31

of Py(u) are plotted in Figure 2.5, Clearly, the upper bounds based on 1/t! are
uniformly good but not very tight for small &, Tt can also be seen that RS codes

can be very effective for error detection.

2.5.2 Throughput Efficiency

The throughpul, denoted as 1, of an ARQ or hybrid-ARQ system is defined as

(2.31)

total number of symbols that could be transmitted per unit time

Assume that Lhe forward channel in the system is a BSC with bit error rate
pp, and that the feedback cliannel is noiseless. Then the evaluation of throughput
for an ARQ or hybrid-ARQ system is rvelatively casy when compared to the eval-
uation of other performence measures. For example, in a go-hack-N (GBN) ARQ
system, retransmission of an detected codeword in error always involves resend-
ing N codewords, Consequently, for a codeword to be successfully received, the

average nutber of transmissions is

Tiunw = (Pood P4+ (N + 1P PY(L = o= Po) + (2N 4 1)(Ps + P)(L = Py = P + ...

N(I = P~ 1)
1)‘- "{“’ I’;

It

[ . (2.32)

Therefore, the throughput of a go-back-N ARQ system is

L LAY A P P, | ,
Ilfﬁ'BN - ’/l(,‘[jN (n> - (“) I:JC +P[_o + (l — .[)‘. _‘ ])e)N, (2-83)

where P, is given by (2.25), We see that the throughput of a gn-back-N based
error control protocol deperds on both the channel error rate and the round-trip

delay factor N. lor a communication system with a high data rate and a long
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round-trip delay, N may become very large. As a rvesuli, (1 — P — P)N becomes
significantly larger than (P + ) so that throughput quickly approaches to zero,

Now consider a selective-repeat (SR) ARQ system with an infinite bufler at
the receiver to store the error-lree codewords when a received block is dotected in
error, Such a system with an infinite bufler is, called an ditlcal selective-repeal ARG
system. For a codeword to be accepted by the data sink, the average number of

transmissions needed i

Tsn (Pe A Pe) b 2P Po)(L = Pe— Pe) 4 3(Pe A P(1 = Lo Bo)*

1
it IR
P+ P (2.34)

i

Hence, the throughput of an ideal selective-repeat ARQ system iy

iy - ] /\f S /‘: ) ) 0 e
s = m (n) = (,") (Pe D) (2.3h)

We see that the throughput does not depend on the round-teip delay factor,
As a result, sclective-repeat, ARQ offers significant benefits for satellite and lorg
terrestrial channcls, However, the high throughpul performance of ideal seleelives
repeal ARQ) is achieved al lhe cxpense of exlensive bufJeving, theorelicalln infinite
buffering, 10 a finite buffer is used at the receiver (as i the case in practical
systems), buffer overflow may occur which reduces the throughput pm-l.‘omn;‘mm of
the system.

The drawbacks of the ARQ and FEC coding schemes can be overcomeif the two
basic error control techniques are properly combined. Throughput, performance of
typical type-I and type-IT hybrid-ARQ prolocols have heen detived in [91] and [69],
respectively. Based on their results, we have plotted the throughput performance
for hybrid-ARQ protocols as well ag a plain ideal selective-repeat ARQ protocol in

Figure 2.6. Also shown in Figure 2.6 is the throughpuat of forward ervor correction

"
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with code rate 3/4. Clearly, FEC provides the desired constant throughput at

the expense of reduced reliability, while the throughput of various ARQ protocols
approaches zero as the channel error rate increase.

In a hybrid-ARQ system, the following factors could affect the throughput
efficiency of the system:

L. The length of the message blocks.

2, 'I'he error correction capability of the code.

3. The retransmission protocol.

J. The size of the bulfers at both the transmitter and the receiver.
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2.5.3 Analysis of Coding Gain

Although ARQ and FEC coding schemes share the same objectives: high veliability
and high throughput of digital information, it has been difficult to quantitatively
compare their relative performances. The reason is that the evaluation methods
for ARQ and FEC coding schemes have traditionally been completely different,
In [87], the bit error probability of a BPSK modulated receiver on a BSC

channel is generalized as

| Y
7‘)b=—{)~e,7-‘/‘c( /1.7\—%), (2.36)

where er fe(a) is the complementary error function defined by [12]

2 e
crfe(a) = :/———7? /w cap(—22)dz. (2.37)

For FEC schemes, 1 is the rate of the error corroction code, For ARQ and hybrid-
ARQ protocols, p is the throughput. ]

By virtue of the above definition, the I5y/Ny required to achieve the desived
reliability can now be caleuiated for various error control schemes, ineluding 11,
ARQ, hybrid-ARQ and any other hybrid error control scheines, on a common hasis,

As an illustrative example, consider the hybrid-ARQ with BCH (127,106) code
for t = 1, ¢t = 2, and { = 3, and the corresponding I'KCG scheme as well as the
selective-repeat ARQ protocol using the same code. The following formulas have
been used to obtain the coding gain curves.

(1) For an FEC scheme, we have

&

p= e (2.38)

and the decoding crror probability, Pr(£), is upper bounded [67] as
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n ) 3
Pr(y< (’; )p},(l—» )™, (2.39)

i=l41

where £ is the error correcting capability of the BCIT code.

(2) For the selective-repeal ARQ protocol, from (2.35) we have

&3

| 7~

(P + P, (2.40)

o=

3

7
and Pr(f2) is given by equation (2.23) as
Py

Pr(l) = o
c

ry
P

-+

where P and P, are given by equations (2.25) and (2.27), respectively.

(3) For the type-T hybrid-ARQ protocol, assume that the same BCH code is used
for error correction and error detection. The decoder can correct up to ¢/ errors
and detect ¢ 4= | or more errors, where ¢ is less than or equal to . Based on the

formulas devived in [91], y can be found as

k
flo= ;;(Pc + Pep + Prp), (2.42)

and

£1p
() = 4
Pr(l) = 1 Por ‘IIJ’ (2.43)

where P is given by equation (2.25), Pop, the probability of correct decoding, is

given by
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ll
Pen =3 ( 7: ) pu(1 = po)™™, (2.44)

F ]

and Prep, the probability of incorrect decoding, is given by
1C1D ]

Prep &

¢ n
Wi [\ . Zc=m+1—i( / )
2 ( j )PZ(1—~7.M)"" R
we-ri ()

Based on the above formulas, we have plotted F,/Ny against Pr(E) curves ag

=2 =1

shown in' IMigure 2.7, Clearly, the type-T hybrid-ARQ protocol, when 1’ is set to
zero, is identical to the plain ARQ. On the other hand, if the code has no domain
left for error detection, it is equivalent to FEC, Morcover, from the left envelope
of all the curves, it is implied ihat the poiential coding gain of an adaptive error

control coding system could be significant.

2.6 Summary

In this chapter we have examined the role of feedback in communication systems,
T'here are two fundamental conclusions: (1) Feedback can not improve the capacity
of memoryless channels, but it can reduce the coding complexity necessary to
achieve a particular standard of reliability. (2) Feadback could increase the capacity
of channels with memory.

Our preliminary study on performance evaluation methods suggests that an
adaptive coding scheme with limited feedback could achieve significant throughput

and coding gain improvement over non-adaptive coding schemes.




Chapter 3

Imbedded Markov Chain
Analysis of Delay and Packet

Loss

3.1 Introduction

In this chapter we are concerned with mathematical methods for analyzing the
delay and the packel loss probability of a hybrid error control system. Delay and
packet loss are two important performance characteristics in practical mobile data
system design. Delay determines the average fime required to deliver a message
from origin to destination. Delay considerations strongly influence the choiee and
performance of network algorithms, such as routing and flow control [97]. Tt s
desirable to have relatively constant delay, Delay analysis also enables the proto. ol
designet to estimate Lhe necessary bufler capacity, it order Lo avoid packel, loss due
to buffer overfllow.

Queueing theory plays a key role in the quantitative understanding of quene-
ing aspects of ARQ and hybrid-ARQ protocols, In the literature . sley and
Wolf [106] first, analyzed (he delay and queue fength of the stop-and-wait il the
go-back-N protocols under the assumption that the feedback channel is nojseless,
Later, Konheim [60] used gencrating functions to obtain an algorithimie solution for

the queueing delay, and Sacki and Rubin [92] proposed upper and lower hounds on
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the expected block delay. More recently, delay and queue length of the selective-
repeat ARQ protocol were analyzed (2] and a computationally eflicient approxi-
mation method was proposed. Iowever, in all of these publications the system is
modeled as a discrete time queue with infinite bufler storage. Packet loss due to
overflow of a practical finite bufler has not been investigated. Recently, a basic
methodology similar to the analysis of the M/G/1 queue has been used to find the
queueing delay for type-1 hybrid-ARQ protocols [119]. ITowever, delay analysis has
nol been fully explored for various hybrid-ARQ protocols with a noisy feedback
channel.

In this chapte:s, we consider a hybrid-ARQ protocol using an RS code for both
error detection and error correction. Such a protocol has recently been proposed for
the Jand mobile radio channel [113]. Our emphasis is on the queueing analysis of the
hybrid-ARRQ protocol Lo obtain analytical solutions for average buffer occupancy,
average block delay and probability of packet loss. We define buffer occupancy as
the number of data blocks in a buffer, block delay as the interval between the time
a data block enters a buller and the time it is removed from the buffer, and packet
loss probability as the probability of overflow due to a finite buffer. Two different
queneing analysis methods are presented for infinite and finite transmitter buffers,
respectively. In both cases, Fhe system is modeled as an imbedded Markov chain.

In Section 3.2, the hybrid-ARQ protocol is described and the associated Markov
chain model is introduced as the basis for our analysis. In Section 3.3, the aver-
age transmitter buller occupancy and the block delay with an infinite buffer ave
derived, In Section 3.1, the average transmitter buffer oecupancy and the prob-
ability of packet loss with a [inite buffer are analyzed using a different method.
Both methods are also found to yield the same analytical results for the infinite
bufler case. In Seetion 3.5, numerical results are presented and compared with the

results obtained with a pure ARQ protocol.
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Figure 3.1: ATDM system with hybrid-ARQ error control using a Reed-Solomaon
code

3.2 The System and Its Model

Reduced to its most basic stricture, a digital communications network consists of
communication channels (links) and communication processors (nodes), Messages
pass over the channels, controlled by the processors. The processors encode and
decode messages, route messages over different channels, and otherwise control the
traffic on the network. As the messages move from processor Lo procegsor, queucs
form at the different procescors as messages arrive aid wail for service, Various
ARQ and hybrid-ARQ systeims can be viewed as simple quencing networks formed
by two-way links and data-link protocols. Improper design of coding schemes may
lead to excessive quencing delay and packet loss.

The system under consideration is illustrated by the block diagram shown in

Figure 3.1. Dala blocks from different sources arvive at the transmitter bufler
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through an asynchronous time division multiplexer (ATDM). The transmitter
buffer contains the newly arrived data blocks queucil for transmission (transmis-
sion queuc) and the transmitted data blocks waiting for acknowledgment messages
(acknowledgment queue). 'Fhe data block at the head of the transmission queue is
encoded using an RS code and then transmitted, At the receiver, the received block
is decoded using an RS decoder. If the received block contains no errors or if the
decoder is unable to detect an error, the receiver serds an acknowledgment (ACK)
message to the transmitter. If the RS decoder detects the presence of a block error
but is unable to correct it, the receiver sends a negative-acknowledgment (NAK)
message to (he transmitter, Block retransmissions are based on an ARQ protocol
such as stop-and-wait. (SAW), go-back-N (GBN), or sclective-repeat (SR).

Upon receiving an ACK message, the corresponding block in the acknowledg-
ment queue is removed Mrom the transmitter buffer. Upon receiving an NAK
message, the transmitter bulfer will function differently depending on the protocol
used., lor SAW ARQ, the NAKed block rejoins the transmission queue (at the
queae head) to be retransmitted. For GBN ARQ, the NAKed block and all suc-
ceeding blocks in the acknowledgment queue rejoin the transmission queue (at the
queue head) to be retransmitted. In SR ARQ, the most efficient of the three ARQ
protocols, only the NAKed block reenters the transmission queue to be retransmit-
ted, Tlowever, the receiver must contain storage to save post-NAK blocks until the
error block is retransmitted successfully, and the logic for reinserting the block in
the proper sequence. The transmitter for SR ARQ will also require more complex
logic to be able to send blocks out of sequence. In this chapter, we consider the
SAW ARQ and the GBN ARQ protocols. For these two protocols, an imbedded
Mackov chain model can be developed.

For the sake ol illustration, suppose that there are 7 data blocks in the trans-
mitter buffer. Suppose also that the first block is successfully transmitted and

3

the second block is detected in error. Figure 3.2 and Figure 3.3 show the block
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llows on a two way channel uging the SAW hybrid-ARQ protocol and the GBN
hybrid-ARQ protocol, respectively. The left column and the right column of the
transmitber bufler correspond to the transmission ¢ueue and the acknowledgment
queue, respectively, For SAW ARQ, only one transmitted block waits for acknowl-
edgment at a time. In GBN ARQ, data blocks are transmitted continuously; the
acknowledgment quene must hold many transmitted blocks pending acknowledg-
mnent.

In order to investigate the problem of delay and packet loss in the system with
a finite transmission buffer, we will focus . the transmitter buffer. The analysis
is based on the single server M/G/1 queueing model [59] [45] shown in Figure 3.4,
where data hlocks arrive according to a Poisson (Markov) proces= with rate A and
the time interval during which a block resides in the transmitter buffer has an
arbitrary (Ceneral) distribution,

A rencwal point is a time epoch at which the Markov property holds; that is,
il ¢ is a renewal point for a given process, then the future evolution of the process
depends only on the state ab time ¢, In a Markov process, every point ¢ is a renewal
point. A Markow chain is the discrete analogue of a Markov process, in which the
Markov property holds only at discrete values of the parameter ¢, that is at a
discrete set of renewal points.

With vegard to the M/G/1 queneing model, the data block departure points,
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which are those epochs at which data blocks are successlully transmitted and
leave the transmitter buffer, are renewal points. For whenever a data block leaves
the buffer, the transition probabilities (and therefore the future evolution of the
system) depend only on the number of data blocks in the buffer al the departure
point of a data block, The system states at this discrete set of renewal points are
termed an imbedded Markov chain,

The imbedded Markov chain, introduced by Kendall [55] [56], is a powerlul
method for the analysis of certain queucing models, inclading the M/G/1 madel,
The theory of Markov chains is extensive. Most existing queucing analyses of
ARQ systems considered the transmission queue only and applied the formuln
directly from queuneing theory. Since we consider the transmitter buffer as a whole,
including both the transmission queue and the acknowledgment quene, we derive
the results starting from basic assumptions. However, we take a direet approach
to the analysis of the system, without extended excursions into the surrounding
theoretical structure. Thus, we foeus on the main ideas hehind the theory of
the imbedded Markov chain, and show liow these ideas facilitate the analysis of
delay and packet loss for ATDM with hybrid-ARQ ervor control, We restrict our
attention mainly to equilibrium queues in which buflered data blocks wait wntil
acknowledged, and in which transmission takes place in order of arvival,

In order to carry out a detailed analysis, we make the following two basic

assumptions:

e transmissions ate synchronized to the oceurrence of time slots, where a slob

(T seconds) carries exactly one message block,
e crrors on stccessive transmissions are independent events,
¢ . o a E
3.3 Delay with an Infinite Buffer

The transmitter bulfer input process is modeled as follows. Data blocks arrive

at epochs T, Toviy Ly The interarrival times Ty = Uy (k= 0,1, .57y = 0)
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are identically distributed, mutually independent, positive random variables with

digtribution function .

o) = P{Tt =Ty Sz} =1—¢ (3.1)

independent of the index k. Consequently, the probability P;({) that j arrivals

occur in an interval (Tk, Tk + t] has the Poisson distribution

(ALY

jl

Pi(t) = ™ (F=0,1,..). (3.2)

Let us agsume first that the transmitter buffer has infinite capacity. We formu-
late the system equations from the viewpoint of a departing data block. Because ol
the probability of channel error, the RS decoder may detect errors in the received
block and ask for retransmissions. Thus we consider that the imbedded points
occur ab the time points between data block interdeparture intervals.

Let N; be the mnnber of data blocks in the transmitter buffer (including any
blocks waiting for acknowledgment) just after the departure epoch of the ith data
block, and let a; be the number of data blocks that arrive during the time period
when the ¢th dala block stays in the transmitter huffer. The random variables
g, g, .. are mubually independeut and identically distributed, émd a; is indepen-
dent of Ny, Ny, oy Ni_y.

If the ith departing data bleck does not leave the transmitter buffer empty,
then the (4 4 L)th departure will leave behind those same data blocks in the buffer
left by the dth departure except for itsell, plus all those data blocks which arrived

during the staying inteeval of the (¢ + 1)th data block. Thus

N,'+| = Ny =14 i1y for M > 0. (33)

Ou the other hand, if the ith data block leaves the buffer empty, then the
(7 Dth data bloek will Jeave behind just those data blocks which arrived during

its staying time. Thus
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—

N,-.H = iy for t’Vi = (), (:Ll)
Equations (3.3) and (3.4) can be combined into a single equation
N‘i»H = N; = U(N;) 4ty (3.8)

where the randon variable (7(N;) is defined as

[0 iN=0
»U(N‘)_{'.l. il N; > 0. (3.6)

We now square both sides of (3.5):

NPy = N4 U (N;) A ad o+ 2Niaigg = 20040 U (Ng) = 2N, (), (3.7)
It follows from the definition (3.6) that
UQ(,N,') = (/] A) (3.8)
and
N:U(N;) = N; (3.9)
so that equation (3.7) can be written as
Nﬁ*‘vl = N:z - ”(N;) - CL?,H 4 QN;(L,'.{.‘l e i [/(N,) o 2N, (3.1 0)
We now take expected values of the terms in (3.10), Since Ny and a,pq are

independent, we have

E(NE,) = B(NE)+ B(U(N)) + B(ad,,) + LN ()
=203 (aigeg ) (U (N})) = 2B (N;). (3.11)
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Now let i = oo in (3.11), Assuming that a statistical equilibrium distribution
exists, then in equilibrium the distribution of the number of data blocks left behind

by cach departing data block is the same, We have
liny B(NE) = fim E(N) = (V). (3.12)
Similarly, taking the expected values of the terms in (3,5) in the limit, we have
E(U(N)) = E(a). (3.13)
Therefore, from (3.11) we obtain the average buller occupancy

E(a)[l = 2L(a)] + 12(a?)
201 ~ F(a)]

B(a®) = B(a)
oL = Li(a)]

It

F(a) + (3.14)
Note that £(a) is called the system load, often denoted by p in queueing the-
ory, which is simply the average number of arvivals occurring during an arbitrary

interdeparture interval, From equation (3.13) we have
I(a) = L({(I(N)) = P{the buller is not empty} < 1. (3.15)

Iurthermore, from (3.14), for a steady-stete solution to exist we must have
Ii(a) < L.

It remains to caleulate f£(e) and E(a?). In a mobile fading environment, the
feedback channel cannot be assumed error-free. When an ACK or NAK is missed
the previous transmission must be repeated. TFor a SAW or GBN hybrid-ARQ
protocol, a missed NAK Las no detrimental effeet because by setting a proper
time-ont, a defanll retransmission request can be invoked. The missed ACK,
however, causes an extea bransmission, I o is the ACK [lailure probability, the

average number of transmissions increases by a lactor of o/(1 — ) [26].
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Consider first that a SAW hybrid-ARQ error control protocol is used. When a
decoded data block is detected in ervor after the RS decoder, the erroncous block
is retransmitted until the block is declared to be ervor free. The transmitted data
block rernaing in the transmitter buffer until the ACK arvives, Let 1! denote the
round-trip delay in slots, If there ave & transmissions, the interdeparture interval
will be (k + 1% )(R 4 )T Since data blocks arrive al a Poisson rate ol A blocks

per second, the probability of [ blocks arriving in the interdeparture interval is

[’(l, /\) - [/\(/ﬁ+ _(,l)'(lf*l* 1) ] w,\(k.].-i.i!..‘._.\.)([{A;.l)’[" (3.16)

where [ =0, 1,.... The probability generating funetion for P(l, k) is

Xy

Cllz) = 32 P, k) = mNEFRRIIITI-), (.17

J=0

Note that the probability of the event that a relransinission occurs, denoted by
Pg, is the probability of block retransmission, This probability is determined in
Section 3.5. Now averaging (3,17) over k, the generaling hmetion for the number

of data blocks which arrive in the interdeparture interval is given hy

Alz) = SO Grle)(L = Py) PR

(l"“]) ) w\k%—';'/(!w:)

1 = Ppe~MHNT(1-2) "

(3.18)

By differentiating A(z) with regpeet to 2 and then setling z == 1, we haye

/f “+ 1, Py
| *—'(YI + | - I)[,;

A1) =

N (3.15)

r D1, i [l V3
A”(L) — (/\/ﬁ-f 17) _|- *"/f’/ . [)‘(I?N}'])I] 9{ / ( Il:} (If ' r)ll]Z( ;')U)

1 — e [ = P Y It '/'/',')
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Note that I(a) = A/(1) and £(a?) = A"(1) + A'(1). Thus, by equation (3.14),
the average buffer occupancy for a SAW hybrid-ARQ protocol, denoted by Nygw,

is

nR+1,, Pg : ,
Noyw = A l,v*(\'l + 1= Py /\(R+1)P
ORTR ¢ gy BISTE B Ry

21 — MELT — (L8 \(R 4 1)T

Clonsider next the GBN hybrid-ARQ error control protocol. Data blocks are
transmitted in every slot, The transmitter is obliged to buffer previously trans-
mitted blocks, until the corresponding ACKs arrive. When a decoded data block
is detected to be in crror by the RS decoder, the erroncous block as well as all
suceeeding data blocks waiting for ACK/NAK messagoes are retransmitted. The
difference hetween GBN and SAW lies in the interdeparture interval that is seen
by the transmitter buffer. T the absence of error the interdeparture interval is a
single slot rather than a slob plus a round-trip delay as in the SAW case. If there
are k transmissions, the interdeparture interval will be 7'+ [(k— 14 2= )(R+1)]T.

Similar to the previous case, we find

AL (k=1 R+ 1T}
o, l.:)={ [+ 1[ ) (R +1)]T) =M= 25 ) (RAIT (3.22)
where {=0,1,...,
() = o~ HE=LEEZE) RENITG 2), (3.23)

and

N (l - p“)(, AT 2= (RN (1= 2) ‘
AE) = T g (3:24)




A _ . « ]
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CHAPTER 3. IMBEDDIED MARKQY CHAIN ANALYSIS 50

Again, by differentiating A(z) with respect to 2 and then setting z = 1, we

have
)
A1) = AL+ o= (R DIT 4 = A+ DT (3.25)
= =y
2

AM(1) = {A[1+-7%3(R4-U]T} (3.26)
28y v : ,___i___..i 2
+ l~ﬁ%LH)[l+1~ (R+n]uw+n B R+ T

Thus, again by equation (3.14), the average bufler occupancy for a GBN hybrid

ARQ protocol, denoted by Nypy, is

Py

= A )T (4.27)

A e = L) o ek = e U LRLL) (412
21 = AL 2 (R A+ )T - 728 N+ 1)TY) '

Based on these results, we can obtain the block delay for hoth SAW and GGIBN
hybrid-ARQ protocols. Consider a long time interval (0,m7") throughoul which
statistical equilibrium prevails. The average number of dala blocks which enter
the transmitter huffer during this interval is A(m7T'), Suppose that cach arriving
data block has associated with it a staying time. If the average staying time is
W, then the average amount of staying time brought. into the transmitter buffer
during (0,m1") is A(mT)W. On the other hand, il £, is the average number of
“data blocks present in the transmitter buffer throughont (0,m7'), then L(m7T')
is the average amount ol staying time used up in (O,m1'). If the system is in
statistical equilibriunm and the limiting values L and W exist, then as m - oo
the accumulation of staying time must equal the amount of staying time used up,

Hence
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Jim AmT)W = lim L(mT'), (3.28)

from which we have

L= W, (3.29)

T'his relaticaship is a basic result ol queucing theory and is known as Little's
Jormade [70]. Tt is stated in many ways, but its meaning is straightforward and
intuitive in our context: 1/A is the average time between the arrivals of two con-
sceutive data blocks, L is the average number of data blocks in the system, and
W is the average time spent by a data block in the system. Note that the defi-
nition of system in the original statement of Little's formula is somewhat flexible.
In particular, we may denote by L the average length of the queue waiting for
Lransmission and by W the average waiting time for transmission, or by L the av-
erage number of data blocks in the transmitter bufler (in either transmission queue
or acknowledgment queune) and by W othe average time spent in the transmitter
hulter.

From Little’s fornnla the average block delay for the SAW hybrid-ARQ protocol

is given by

r
Doy = L2, (3.30)
A
and the average block delay for the GBN hybirid-ARQ protocol is given by
~ Ny,
Dypn = /J\‘” . (3.31)

3.4 Packet Loss with a Finite buffer

The analysis in the preceding section is based on the assumption of an infinite

bransmitber buffer. In many practical applications one would expect that the buffer
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size, although finite, would be large enough so that the probability of bufler over.
flow would be negligible. ITowever, this may not he the case for mobile fading
channels where poor channel conditions may cause [rogquent relransmissions, in-
creasing the probability of bufler overflow. The buffer size is eritical because data
blocks arriving at a full transmitter buffer are lost, Consequently the refiability of
data transmission not only depends on the undetected error probability of the RS
decoder but also on the size of the transmitter buller,

When the probability of huffer overflow is not negligible, the imbedded Markov
chain analysis based on equation (3,5) is not applicable,  Recall that we have
assumed that the number of data blocks that arrive in an interdeparture fnterval
is independent of the number already in the transmitier bufler, "This assumption
is violated when the buller is full since there can be no arvivals. Tn the following,
we analyze the system with a finite buller by using another imbedded Markov
chain technique, introduced also by Kendall [55] [56], based on state transition
probabilities.

Again let Ny he the number of data blocks in the transmitter huller (ineluding
any blocks wailing for ACK/NAK messages, bul excluding the departing dala
block) at the instant the kth data block is acknowledged (suecessfully transmitled),

Let M be the maximum number of data blocks the transmitier huller can store,
Then, by the law of total probability

M
,P{Nk.{.-l = J} = ZP{N’»“H f-:lek = ‘l}/"{Nk = i‘",

1220

J=0,1, 0, Mk =1,2,.. (4.32)

Let A; he the probability of 7 data blocks arriving during an interdeparture
7 | J g |
interval. Consider first the transition probability P{Ny. = j|Ny = 0}, [If the
kth data bleck leaves the buller empty, then the (& 4 Dth data block necessaril
PLY, Y

arrives at an empty bufler. Hence data blocks remaining after the departure of
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this data block are all those which have arrived during its interdeparture interval.

Since data blocks aviving at a [ull buffer are lost, we have
A; 0<j< M

P{Ngp1 = j|Np =0} =4 0 ”’ - 3.33

(Nigs = g1t = 0} {L?;MA:, j = M. (3:33)

Similarly, when Ny = 4 > 0, the (k4 1)th dala block will leave behind the

data blocks left behind by the kth data block, except [or itself, plus all those data

blocks which have arrived & aring the interdeparture interval of the (& 4 1)th data

bhlock. Therefore

. R Rl W X " ;'~——< I
P{Niep1 = j|Ny = i} “{ SR g (3.34)

Sioa Arigt, 1>0; i—-1<£j=M.
During an interdeparture interval, since at most one data block leaves the

buffer, we must have
P{No=jINe =1} =0, i>0; j<i—1 (3.35)

Note that the transition probabilities are independent of the value of the index
k, that is, they are the same for every pair of successive data blocks. With the
transition probabilities thus specified, we can calculate P{Ni41 = j} using equa-
tion (3.32), which relates the distribution of the number of data hlocks left behind
by the (k4 D)th departing data block to the distribution of the number left behind
by the kth departure, for cach k= 1,2,.... From a practical point of view, we are
rarely interested in this distribution for any particular value of k; rather we wish
to know the distribution of the number of data blocks left behind by an arbitrary
departing data block.

Again assuming that a statistical equilibrium distribution exists, then in equi-
librium (as & — o) the dependency on & should vanish. Let L; be the steady-state

probability thal there are j data blocks in the transmitter buffer at the beginning
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of an interdeparture interval, e, L; = limgeeo P{Ny = j}. From a mathemat.
ical point of view, it can be shown using the theory of Markov chains that this
steady-state distribution, independent of the initial conditions, exists il and only
if the system load p < 1 [56]. Note that if p 2 1, then L; = 0 for all finite j. "The
proof of this statement is the only place where the formal theory of Markov chains
is relevant; we accepd this inluitively plausible stalement without prool. We then

have

M
L; = ;}.iiﬁ,z P{Ngw = j|Ny =i} Li, j=0,1,.., M. (3.36)

=0

Substituting (3.33) Lo (3.35) into (3.36) yields

J+1
Lj= [4)/\_; + Z'I"iAJ'“i‘*‘" 0gj< M, (3.37)
i=1
and
A o M e
e = Lo 3 Ak D bi 3, Aieigre (3.38)
{=AM i=1 =M

Note that we can also use equation (3.37) to obtain the steady-state proba

bilities under the assumption of an infinite buller (A - o). This can he easily

Nal¥ ¥

proved by defining the probability generating funclions () = 3370, [,27 and

Alz) = 5y Ajzd, Using equation (3.37) we then have

o J
[’(;‘) = Z(/)o/\j “+ Z »l/i+1 /\j,,;):‘."
J=u =)

= LoA(z)+ Ly + Loz + Lozt 4 ) Alz)

AT
= (/,(, + U—“l—-l-‘i> Alz). (3.39)

27
~
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Therefore,

AE(=1)

P(Z):‘ Z—A(Z) [/0. (3.40)

We know from equation (3.15) that Lo = 1 — p. By differentiating P(z) with
regpect to z and Lhen setling z = 1, we obtain equation (3.14) of the previous
section.

We now turn our attention to finding the probability of packet loss for the
hybrid-ARQ system with a finite transmitter DuTer. Recall that data blocks ar-
riving at a full huller are lost. The steady-state probability Lys that the buffer
containg M data blocks includes cases of overflow. In order to find the probability

of packet loss, denoted by [,44, we rewrite equation (3.38) as
] 59

M 00 M oo
L= LoApr+ Y Lidprmiwr + Lo D A+ L D Aci. (3.41)
i=1 i=AT41 = =AM

Clearly, the third and the fourth terms on the rvight side of equation (3.40)

constitute the prohability of packet loss. Thercfore,

M oG

[~ 4]
Pase = Lo Y, A3 L Y, Aicigs
f=A 41 fisl 1=Al+1

M
= Ly — LUAM - Z 1),'/1,\/4.;.(. (3.42)
1=
It remaing to caleulate L, § = 0,1,.,M and Ay, [ = 0,1,..,M. TFrom
equeation (3.37) we have
Ly =y Lidjoipy — Lody

L = L =00 M =1 (343)
Ao

By using the normalization equation
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we can then oblain Ly, Ly, ., Lar through a simple iteration procedurve, I'hat is,
we initialize L5 = 1 and find Li, .., LYy from equation (3.42). Normalizing, we

then have

) it =0, \/ (3.1h)
“f ':—""KT—‘,";, J = U Lyany 06 e
2oimo L
The average munber of data blocks in the transmitior bufler, denoted hy N,
& MERAY

can then be found from

M
Noe=Y_Jjl; (3.16)
ja ()

Note that for the system with a finite buffer, Little's formula cannot be applied
to find the block delay., Nevertheless, the block delay under the infinite buffer
assumption provides an upper bound on block delay when the assumption is not
satisfied, Clearly. if the probability of packel loss is very small, this upper hound
represents a good approximation of the block delay for the finite buflfer case,

In nrder to find Ay, the probability of [ data blocks arriving in an interdeparture
interval, consider fivst the SAW hybrid-ARQ protocol. As alveady discussed (see
equation (3.16)), il dala blocks arrive at a Poisson rate of A blocks per second, e
probability of { hloeks arriving in an interdepartire interval is

N Ak + 72 )(R+ l)’l']’

Pl k) = 7 (MR DT (3.47)

Averaging over k, the probability of [ data blocks arviving in an interdeparture

interval
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2]
A= S0P, k(1 - Pe)PE
k=zl

i (ke + 1 fa).(R’*‘l)T]l ~A(k+ 125 ) (R41)T

ey
=1

(L~ Pp)PE™". (3.48)

It is casy to verily thal the sum of all Ay (I =0,1,2,.,.00) equals one. In order
Lo caleulate Ay ({=0,1,.., M), let

g = NHNT py, (3.49)

andl

It
M?

h(p)

50k + ) (3.50)

,..
il
—~

Then we have

. Py - (o)
A = (AR 4“ D l’,{]J ~MrZ) (1)1 E [~ DT
U o
- [l /1., k [ - (}f) ﬂ
A h’+l'l" | — P .- "
- [ ( 7 ) ] I[ I \(1’4u (R-H,)lfl(/,})’ (3'51)
whete

y 4 — E‘?‘ + .__9.{.._.... 0[ k [ ....../.-.}.__.
Jol(#?) L}:l(/v + = c.v) Bt = 7 (3.52)
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and

-3 P g o o
Ji#) "LZ.,;. | =gt Py =R (1.53)

For | = 2,3,..., M, note that

Yot (B ANy O g
df - (1/3[;(k+ (') Al

it
NgE:
=

L Nt gk
b =)k

it

5 [0 = 2= ). (3515

Therefore the following simple recursive expression can he used Lo caleulate fi(f):

A1 (P L
i1 (B) ﬁ(\,fl”(/")’ (13.55)

JB) = P g

and thus A; can then be caleulated by using equation (3.51).

Similarly, the above procedure can be used to find the probability of packet
loss for the GBN hybrid-ARQ system. The only dillerence is the interdeparture
intervals and thus the values of A (I = 0,1,...), Specifically, for GBN hybrid-ARQ,

we have

(Al (k=1 4 25 (A A+ DIT }l AU (e u,,.,,)(lfll]

P(, k) = i

(3.56)

Again averaging over b we have for the probability of 4 data blocks arriving in
ging A

an interdeparture interval
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[ 1 . - AR Y o 1Y ! n S Aqent
A Z"‘: ML+ (k =1+ %) (R4 1T} (=M= TZE)(RAIT (] _ poy ph-t

i

= !
L i —
[/\(R-; l)l] , | [II {4 ’—-\[H‘ (725~ 1D)(R+D)T fl ﬂ) (3.57)
where
Z(A F o = Lo = (3.58)

R—I—i

and A is given by equation (3.48). The recursive expression (3.54) can be casily

modified to find A; for the GBN case. Specifically, we have

Ve i i k iy ..__../_3_ =4
Zu I~R+l 1+ a)ﬂ et (3.59)
" P S v .._:.1_.... — 1 ._.._(.I._... | gk
[1(1) g(w =)' A
_ B ( 1« B
- (l-—/})'zi‘ R+1 ‘l Fl-—-cv)l-*ﬂ’ (3.60)
and
1l I AR Y |
k) =1 apo T (/‘z 71T (s') Ji1(B): (3.61)

3.5 Results

In this section some numerical exatples concerning the block delay and the prob-

ability ol packet loss for ATDM with hybrid-ARQ error control are presented. In
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particular, the (31,15) 8-crror corvecting RS code and the (265,223) [G-crror cor
recting RS code are used in both SAW and GBN hybrid-ARQ protocols. ‘The
results will be compared with the results of the SAW and GBN ARQ protocols
using the popular CRC-16 and/or CRC-32 error deteeting codes,

The RS codes considered here are defined over (HI7(2™), where m is the nuniber
of bits per symbol. We assume that the m-bit synmibols are transmitted sequentially
over a binary memorylegs channel. The receiver performs symbol regeneration
prior to the RS decoding. T'he memoryless channel assnmplion can he satisfied for
mobile radio channels by bit interleaving over a sulliciently long period. "The delay
introduced by inferleaving will be taken into account as parl o processing delay
in the calculation,

Suppose thal in each transmission, a block of N RS codewords is Lransmitbed,
The analytical vesults devived in the previous sections requive the probability of
block retransmission I’ to be determined. Let Prp be the probability of ervor

detection by an RS code; the probability of block retransmission is then given by

Py=1—=(1=Fgp)", (3.62)

A bounded distance decoder based on the Berlekamp-Messey algorithm is nor-
mally used to implement the RS decoder [81]. The decoder selects as Lhe Lrans-
mitted codeword any codeword that differs from the received word in L or fewer
symbols, where { is the ervor correction capability of an RS code. If no such code
word exists, a codeword error is detected, If the reccived word is within distance
¢ of an incorrect codeword, a decoding error is committed, Let Pegy and Preqy e
the probabilitics of correctly decoding and incorrectly decoding into another valid

codeword, respectively, We have

Pup = 1= Pep =~ Pren. (3.63)

For the bounded distance RS decoder which corvects up Lo { symbol ervors, the

probability of correct decoding can be easily caleulated by
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Pop =

i M“

1 s
k )7’ (1= pa)" :

[ n
o\
( ) 1= (1= pu)"H(L = oy, (3.64)

i
] M«.

where p, and py are the channel symbol ervor probability and the channel bit error
probability, respectively,

For the probability of incorrect decoding Prop, the computation is much more
involved, although an exact formula for Prep exists [22]. Assume that all error
patberns of weight & are equally probable. Let P.(k) denote the probability of
incorrect, decoding given that an ervor pattern of weight A occurs. It has been

shown that /e is given by [63]

n
Prep = Y. Puk) ( 'IZ )JJk([ Py

kesd 1

i

> nw () - a-pr -t o

kel

As shown in [22], P.(k) may be expressed as [ollows:

Dy,

Po(k) = = - , ford—=1<k<n, (3.66)
( ]p ) (Qm — l)k
where
, n k:‘ﬁ'l .
l)k‘ =] ( I ) L (~1)JNj, ford—1 _<_ ke S 1, (3‘67)
f=0
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, A ,
N; = ( 3 ) [2"‘(’\"“1'!'1~J) z ( 7: ) (2~ 1)

{=0

t Wl ) N
-2 ( ¢ ; ) (2" — 1)’] v for0£jghd, (3.68)

and

L . e ]
. § "~ k + J i w oy i1z (o o o g 3 s § o
o= ( J ) [ ( w J) > (=1 < i )(3 )

VA Sy i=0 '

§ - U
g2y f u

¢ .
. Z ( k= ) (2" ~ l)”""”] y Tork—d-4 1 j s bomdt, (3.64)

For pure ARQ protocols, the probability of block retransmission is

Py =1 P+ ), (3.70)

where P, is the probability that a received n-hit block contains no error and £ i
the probability thal a received n-bit block containg an undotectable error pattern.

For CRC codes, we have

Py= (1~ )", (3.71)

and P, can be estimated by using the following hound [68],

P m R (1= 2)" = 201 = )], (3.72)

for 0 < py < 0.5, where i = k is the number of parity bits in a CRC cade,
It is known that RS codes are very eflective for simultancous ervor correction
and detection [53]. Tu particular, we may compare Preqs, the probability of incor-

rect decoding (undetectesd orvor) of RS codes, with 2, the probability of undetected
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Pigure 3.5: Probability of andetected ervor vs. channel bit ervor probability, where
a hlock leagth of 2000 hits i« assumed for CRC-16 and CRC-32 codes
crror of CRC codes. "T'he comparison results are shown in igure 3.5 in terms of
chanuel bit error probability, It clearly seen that the (31,15) and (255,223) RS
codes can be effectively used lor ervor detection even when their ervor correction
capability has heen fully utilized.

In most network applications, particularly those in which bandwidth is at a
premium, ACK and NAK messages ave piggybacked onto blocks traveling in the
reverse direction (leedback channel). For simplicity. therefore, the ACK failure
probability « is assumed to e the same as the probability of block retransmission

P Under this assumption, equation (3.21) can be writfen as

bk P i (14 3P + PENR + 1)1
1\;‘9"“: e Sl Y | l? - l. l' B = A P} # 3'"3
e = g M e T s gy )

‘ [ed

Similarly, vgunation (3.27) can be written as
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average buffer occupancy (blocks)

average data arrival rate (blocks/see,)

l?iguxc 3.6: /\vc'mg‘ buller occupancy lor SAW ploloml with: (a) CRCAG code
given py = 107% (b) ('RC-16 code given py = l() (e) (265,223) RS code given
py = 1073; (d) (H,I") RS code given py = 10~

2Py (PP [L4 A (R 1) 4 LBy 1)
Nym = A1 L (R 1\] T . B (371
ybn +1—~P,( + * 2{1 = A[l + u( H)]'I} (A1)

In obtaining the following nimerical results, we have assumed a data transmis:
sion speed of 9600 bps, total lransmitber/receiver processing delay of 100 ms, and
channel propagation delay of 100 ms. In ovder to compare the performance on the
basis of similar block lengths, we also assume that cacli block cariies ten (31,15)
RS codewords, or one (255,233) RS codeword, or one CRC codeword of 2000 bits,

The average buller accupancy of the SAW and GBN hybrid-ARQ error cont ol
protocols using (31,15) and (255,233) RS codes is shown ju Figure 3.6 and g
are 3.7, respectively. The block delay of these protocols is shown in Figure 3.8 and
Figure 3.9. Also shown in these figures for comparison are the results for the plain

SAW and GBN ARQ protocols using CRC-16 ervor detecting code, [ is elearly
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average buffer occupancy (blocks)
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Pigure 3,75 Average buller oceupancy for GBN protocol with: (a) CRC-16 code
given py = 1074 (h) CRC-16 code given py, = 10~ (¢) (255,223) RS code given
py = 107 (d) (31,15) RS code given p, = 1078

shown that the average buller occupancy, and thus the average block delay, is
greatty reduced when the hiybrid-ARQ ervor control protocol is applied, especially
when the data aveival rate is high (heavy traflic) or the channel condition is poor
(severe fading).

When the transmitter buller has a finite capacity, the probability of packet
loss will be non-zero due to buller overflow. The probability of packet loss for the
SAW and GBN hybrid-ARQ error control protocols using (31,15) and (255,233)
RS codes ave shown in Figue 8.10 and Figure 3.11, Again, the results for CRC-16
code are also shown for comparison. In Figure 3.10 and Figure 3.11, the buffer is
assiuned o be able to store § Ilocks. The recursive equations (3.54) and (3.60)
have been used to find the values of Aj. The probability of packet loss versus the
buffer size ave shown in igure 3.12 and Figure 3.13 for the SAW hybrid: ARQ

protocol and the GBN hybrid-ARQ protocol, respectively, For a data arrival rate




CHAPTER 8. IMBEDDED MARKOV CHAIN ANALYSIS G

)

>

3

b

2

3

&

]

Q

3
0 dismdisdunde Ll LLL Jyuimirbini b d ik LALL Lo dsmcio bbb 4L Joiitrds hrosbohabod
103 104 103 12 0t

charnet bit error probability

Figure 3.8: Average block delay for SAW protocol with: (a) CRC-1G code; (b)
(255,223) RS code; (¢) (31,15) RS code, given A = 0,2 blocks/see (solid lines) and
A = 1.0 blocks/see (dashed lines)

e T e T P S e e T

i

!

25 i
@ |

average block delay (secends)

! (b)
|
H
l’
H
............. YRR o
o FORPITITR PETT T TN AT TSN ST S U VT TAN SR PRY 1)
103 104 103 102 1

chunnel hit error probability

Figure 3.9: Average block delay for GBN protocol with: (a) GRC-16 codey (1)
(255,228) RS codey (¢) (31,15) RS code, given A = 1.0 blocks/see (solid Tines) and
A = 2.5 blocks/see (dashed lines)




CIHAPTER 3. IMBEDDED MARKOV CHAIN ANALYSIS

probability of packet loss

67

0.3

0.2

(B S i 27y e ey R
i I3
i 3
! \
IH 7
,':! 1
i !
" I “1
I h
] i
3 H
i Hi u
£ i
I i
H
i T
[l 14
' -
i {3
i 1 E
¥ 3
i@
¢ {!
0.4} : i
L : {1
1 ’ll:
' ~
. 1 H
L8 o
4 i
i
H { N
! H
. i i
Olf - e / / |
‘
SPRRTOMIUN SO
L 1 d Lo b, 1 1 4318

102

patey

channel bit error probability

IMigure 3.10: Probability of packet loss for SAW protocol with: (a) CRC-16 code;
(h) (255,223) RS code; (¢) (31,15) RS code, given A = 1.0 blocks/sec (solid lines);
A == 2.0 blocks/see (dash-dot lines); A = 3.0 blocks/sec (dashed lines)

0,05 [t e T
o i i
0045} N : .
o0af @ ¢ : T
P ! !
w 0035} P : : A
8 P i '
£ 003f b 5 |
I ‘ 1 M H
o i ; : :
s 0025 ! ' ®) i i y
> / : : :
g oo ! @
I Y i :
8 0015k H i ; 1
S S I
001/ i i it ]
; i 4
1 i ]
0.005} i i J W
...... O et Ll ‘;‘!
() beadsany _AZ .................... " "u" W RTEL
105 104 10 102 10+

channel bit error probability
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up to 1.5 blocks/sec (with SAW) and up to 3.0 blocks/sec (with GBN), the results
show that a huffer gize of § to 6 blocks can provide a packet loss probability of less
than 1%, Further buffer size increases will not significantly reduce the packet loss

probability.

3.6 Summary

The analytical results derived from the imbedded Markov chain system model
suggest that the hlock delay and the probability ol packet loss of an ARQ-based
protocol in digital communication networks can he greatly reduced by incorpo-
raling a Reed-Solomon code into the protocol. Although we have focused on the
hybrid-ARQ protocol using Reed-Solomon codes, the procedire shown can also he
used to analyze other hybt” Y ARQ error control protocols. Based on the perfor-
mance analysis of buffer occupancy, block delay, and packet loss, practical design
trade-offs can then be macde hetween the bufler size and error correction parameters

Lo achicve maximum performance and minimum complexity.




Chapter 4

Reducing Time Delay by
Protocol Truncation

4.1 Introduction

It is reasonable to expect that the delay of a hybrid ervor control system can be
made small enough to provide real-time communications. However, as shown ir
Chapter 3, sy tem queuciag delay could still be unbowided, Tn this chapter we
investigate il and how the delay of a hybrid error control system can be made
bounded while retaining the required system reliability.,

A major concern in digital mobile communications is the control of transmission
errors under channel conditions which fluctnate due to multipath fading, Doppler
effects and other interference, Three crucial constraints for real-time mobile com
murdcations applications are limited time delay, limited signal power, and fimited
signal bandwidth. The required reliability is normally not as high as that needed
by cther systems, sueh as store-and-forward packet data communications where
practically error-free Lransmission is required, Tor example, an average BISR of
less than 10~% for more than 90% of one minute periods is considered satisfuctory
for voice communications on 64 kbits/sec internabional connections [43].

For applications involving real-time voice communicaltions and interactive mes.
saging (such as inquiry-based services), ARQ-based protocols impose an nnace.

ceptably long transmission delay, On the other hand, a pure [FJSC strategy must

70
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employ a code suitable for worst case channel conditions, As a consequence, the
code parameters have non-optimum values during time intervals with lower error
probability.

IFor a mobile fading chanuel with a nonstationary noise level, it may be desir-
able to implement an adaptive error control coding protocol. When the channel is
quict, only error detection parity bits are included in cach transmissicn, When the
channel hecomes noisy, extra error correetion parity bits are added. Tdeally, the
code rate is selected according to the actual channel state. The idea of adaptive
incremental redundancy was originated by Mandelbaum [75] [76], and has been
considered clsewhere [30] [73]. This concept of adaptivity fotins the basis of type-
H hybrid-ARQ protocols, ‘The original motivation [or using hybrid-ARQ protocols
was Lo provide error-free data transmission. Unfortunately, type-IT hybrid-ARQ
protocols, like pure ARQ protocols, may stiil cause unaceeptable delay under cer-
tain channel conditions,

As discussed in Chapter 3, delay analysis enables the protocol designer to esti-
mate Lhe necessary buller capacity, in order to avoid block losses. Delay also affects
communication cosl and impairs real-time dialogues. Clearly, many applications
regpiive limited delay, The coneept of ervor control coding with a limited number
of retransniissions was first. proposed in 1980 by Tujiwara el al [39]. The idea of
limited retransmissions is also mentioned in a recent paper [1], but the emphasis
there is not on reducing the time delay. “The topic ol type-IT hybrid-ARQ protocols
with limited retransiissions has been addressed in [73] but the important issues
of delay analysis have no. heen investigated,

In this chapter, we first introduce the concept of delay-limited adaptive error
control. A truneated type-11 hybrid-ARQ protocol is then investigated in detail.
The queteing delay and transmission delay are analyzed based on the imbedded
Markov chain method developed in the previous chapter. In particular, queue
length, queueing delay and trangmission delay of the truncated selective-repeat

protocol are analyzed, Numerical results are also obtained to permit comparison
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of the delay performance of the truncated protocol and other coding methods under

various channel conditions, We assume that the feedback channel is ervor-free and
that ideal interleaving is used,

4.2 Delay-limited Adaptive Coding

Delay is the amount of time between when the information is coded and placed
in the channel and when it is delivered to the data sink, Obviously, without
delay constraint, electrical communication makes no sense, In order to achieve
communicalion reliability over a noisy channel, various ARQ and hybrid- ARQ
protocols may require an infinite time delay, On the other hand, FIC sehemes
use codes of reasonable length to obtain limited delay al the expense of reduecd
veliability. Delay-limited adaptive coding schemes ave special Lypes of hybrid ARQ
schemes with a limited munber of retransmissions,

Jonsider adaptive error control coding in which only m retransmissions are
allowed, where m is usually a small number, say, two or three, We eall this an ml¢
adaplive coding scheme, For exam ple, in a 2R adaplive (‘()(”Il{.’,‘ scheme, the adap
tation is only based on the information provided by at most two relransmissions,
Suppose that we use both a CRC code for error detection and a maximum distance
separable code for error correction, Assuming thal the crror correction code has
M adaptable code rates, the total number of adaptable states is M o 1, hecause
no error correckion is needed when channel noise does nob affect the reliability. A
simple adaptation stralegy may be that cach retransmission request cinses o re
duction in code rate or a down-shift, of the code shate, and cach ACIC signal causes
an increase in code rate or an up-shift ol the code state, Nolbiee that the number
of retransmissions is limited to two, but cach retransmission does provide ns with
wseful channel information for the adaptation.

In comparison with FISC, ARQ and various hybrid-ARQ schemes, an mR adap-

tive coding scheme offers the lollowing advantages:
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Inereased cfficiency — Since most real communication channels are of good

—,
-

quality most of time, an mR adaptive coding scheme <tays at the highest
code rate most of time so that it is more eflicient than a FEC scheme which

has a fixed code rate hased on a worst channel condition,

Decrcased complerity - An mR adaptive coding scheme completely elimi-

e

nates the huffer overflow problein which might occur in raost ARQ or hybrid-
ARQ protocols, Sinee only n retransiiissions are allowed, the buffer size can

he precigely determined during the design.

3. Limited deluy  Most ARQ and hybrid-ARQ protocols result in a long time
delay in a noisy environment, while an mR adaptive coding scheme always

has a limited time delay.

4, Clood velinbility By proper design, the error correction code in an mR
adaplive coding scherve can be adapted o a very low code rate within m

retransmissions Lo provide high reliability.

Clearly, the performance improvement of an mR adaptive coding scheme is
achioved at the expense of a possible increase in complexity compared with ARQ
protocols and a possible increase in time delay compared with FEC schemes. The
design trade-oll’ between minimizing the coding complexity and maximizing the
performance improvement under delay constraints is thus an inferesting topic to
be explored in this chapler.

In genvral, a digital communication system using a delay-limited adaptive error
control coding scheme can he illustrated by the block diagram shown in Figure 4.1,
where m s Lhie magimun nsomber of retransmissions allowed in the protocol.

In particular, retransmissions in a delay-limited protocol can be avoided when
real-time voice conumuication is required. This special case may be called rate-
adaplive forward crrer correelion. The throughpul performance of rate-adaptive
FIEC, PEC, ARQ, type-1 and type-1 hybrid-ARQ is compared in Figure 1.2, 1t is
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shown that rale-adaptive FINC provides the highest overall throughpul [118] among
the various error control techniques.

By using an adaptive IEC encoder and dacoder in the system, a high rate code
is used under good channel conditions to maintain a high information rate. As
the channel condition worsens, the information rate is reduced by applying lower
ate codes to maintain the desired BER performance. Such a technique is very
suitable to mobile communication systems, where adaptive signal compensation
may provide adequate performance under channel conditions which are temporarily
poor (due to multipath fading, shadowing, and rainfali, ete.) without a permanent
handwidth reduction caused by excessive coding overhead,

As we pointed out in Chapter 2, high rate punctured convolutional codes [44]
and maximum distauce separable block codes [74] such as RS codes are particularly
well suited Lo aplement the adaptive FEC encoder and decoder, Tn addition, rate
/2 invertible BCH codes [L11] can also be used in a delay-limited adaptive coding
protocol. The advantage of using these codes is thal a single decoder is employed
Lo implement the adaptive capability of coding,

Notice that theve is a fundamental trade-off involving error probability. We inay
define protocol bit error prebability as the probability that the receiver commits a
decoding ervor when an error control protocol is used. This probability is a mea-
sure of the communic. s reliability. In a conventional ARQ-based protocol for
data communicalions, the protocol bit error probahility must be made very small
(typically 10=9) because error-lree transmission is a basic requirement. However,
the cost of error-lree transimission is that both the transmission delay and the ervor
detection overhead are increased, For applications where transmitted power and
transnrission delay are critical, we may reduce the veliability or increase the proto-
col bil error probability, subject to a grade of service requirement (bypically 10-).

The delay-limited adaptive coding techniques do represent such an approach.
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4,3 Description of the Truncated Protocol

The particular delay-limited adaptive coding scheme to be lfurther analyzed is a
truncated type-II hybrid-ARQ protocol. This protocol is a trimeated version of e
protocol originated by Wang and Lin [111]. The original protocol will henceforth
be referred to as the untruncated protocol. The truncation limits the number of
retransmissions to a finite number, Jor delay-limited applications, the smalior the
delay the better. For this reason, and for the sake ol simplicity, we consider the
truncated type-1I hybrid-ARQ protocol with a single relransmission.

In the truncated profocol, the first transmission ol a message involves error
detection coding only, When the receiver detects the presence of errors in a re
ceived word, it saves the erroncous word in a bulfer and requests a retransmission,
The retransinission is a block of parity bits which is oblained by applying a vate
1/2 invertible ervor correction code to the original message [69]. ither block or
convolutional codes can be used, but in this chapter we consider only block codes,
If no errors are detected on the fivst retransmission, the parity bits are inverted Lo
recover the original information. If errors are detected, the parity bits ave com
bined with the erroncous word stored in the receiver hufler to form a lower rate
error correction code. lirror correction is then performed and the decoded word s
delivered to the receiver.

Like the Wang-Lin protocol, the truncated protocol employs two block codes,
Co and Cy. Cy is an (n, k) high-rate code used only for error detection; €y is
a (2n.n) invertible code which is designed [or error correction, For mobile com
munications, where the error probability requirement is around 10°% instead of
“arror-free” (say, 10=19), the truncated protocol allows reduced signal power and
provides a reduced trangmission delay compared to the untruncated protocol,

In terms of design and implementation, the truncated protocol differs from the

antruncated protocol in the following respects:

1. The reliability of the truncated protocol is determined by bhoth iy and )
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instead of by the eveor detection capability of Cy only. Since only one retrans-
mission ig allowed, the error correction capability of €y should be selected
to satisfy the required reliability level, The ervor detection capability of Co
can be minimized subject to the reliability requirement in order to obtain

additional coding gain,

2. In the untruncated protocol, each crroncously received message block ig
stored in a receiver bulfer for error correction at a later time. Because the
receiver buffer may be full, an extra mechanism must be introduced to reo-
solve the possibility of buffer overflow, By contrast, receiver buffer design
for the truncated protoesal is much simpler because the required buffer size
can be precisely predetermined. If the receiver huffer can accommodate the
number of blocks sent during a round-trip transmission time period, there is

no possibility of buffer everflow.

4.4 Delay Analysis

4.4.1 Time Delay and Queueing Models

As presented in Chapter 3, various ARQ and hybrid-ARQ systems can be viewed
as situple quencing nelworks formed by two-way links and retransmission protocols.
hinproper design of coding schemes may lead to excessive time delay, Therelore, it
is important to understand the nature and mechanism of delay.

[n practice, delay in hybrid-ARQ systems consists ol two components, namely
queueing delay and transmission delay. Queuneing delay is the delay between the
time the message is assigned o a transmission queue (buffer) and the time it starts
beitig transmitied, Transmission delay is the delay between the time the message
starts being transmitted and the time it is successiully delivered to the user. In the
following analysis, the queue discipline is again assumed to be first in, first out.

The analysis ts based on the single server M/G/1 queucing model, where messages
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arrive according to a Poisson process with rate N and the message service times
have a general distribution,

The use of queneing models often requires simplifying asswmptions sinee, untor-
tunately, more realistic assumptions make meaningful analysis extremely diflieudt,
For this reason, it is sometimes impossible to oblain accurate quantitative delay
predictions on the basis of queucing models. In Chapter 3, we analyzed delay and
packet loss probability for SAW- and GBN-based hybrid error control protocols,
For hybrid error countrol schemes with a selective-repeat protocol, the analytical
queucing solutions are still unknown, Fortunately, the truncated hybrid schen
with a selective-repeat protocol can be analyzed hy using the method developed
in the previous chapter, The imbedded Markov chain model provides a hasis for

delay approzimations, as well as valuable insiglits.

4.4.2 Queueing Analysis

Suppose the truncated type-11 hybrid-ARQ protocol is used for error control in
an asynchronous time-division multiplexing systen, where a large number of users
are multiplexed onto a conunon channel. In order Lo carvy oul queucing delay

analysis, we make the following basic assumptions:
e the transmitter hufler has infinite capacily.
o message hlocks arvive al a Poisson rate of A blocks per second.

o transmissions are synchironized to the occurrence of tine slots, where a slot,

(T, scconds) carries exactly one message block,
e crrors on successive Lransmissions are independent events,

The system is modeled as an imbedded Markoy chain, Beeause of the probabil-
ity of error in the channel, two consecutive imbedded points are not separated by

single time slot but by the time period of message interdepartures, Let o, denote
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the number of message blocks that arrive during the ith interdeparture interval,
Let ni be the number of message blocks in the transmitter buffer at the end of
the ith interdeparture interval, Since at most one message block leaves the buffer

during this interval we have

Nigr = ng — U(ng) + i1, (4.1)

where U(*) is the unit step function. By evaluating the generating functions
P(z) = S, 28P[n; = k], and A(z) = Tp25Ple; = k] on both sides of (4.1),
we oblain the probability generating function of the system state:

(1= M,)(1 = 2)A(2)

Pl = —Zm = (42)

ere A(z) is the probability generating [unction lor the number of message blocks
arriving in an interdeparture interval. The procedures leading to equation (4.2)
and the conditions for a steady-state solution are basically the same as those for the
M/G/1 queue [45]). Let T be the maximum time period a message block could
stay in the buffer, We call M the system load, For a steady-state solution
to exist we must have AT, < 1. By clearing fractions in equation (4.2) and
differentiating successively, we obtain the average number of message blocks in the

transmitter bufler

— NI A(L (1
(L= AT)AQ) A1)

e = ST (4.3)

For the Lruncated selective-repeat type-IT hybrid-ARQ protocol with one re-
transmission, miessage bloeks are teansmitted i every slot. When a decoded mes-
sage block is detected to be in error, the erroncous hlock is transmitted one more
time. The transmitter is obliged to buller previously transmitted blocks, until an
ACK or NAK comes. I an ACK is received ab the transmitter, the copy of the

transmitted block is discarded, The block is retransmitted if an NAK is received,
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and then discarded after the retransmission. Therefore, if no ervor is detected alter
decoding, a message block will stay in the buffer for 7+ 1 slots, where I denotes
the round-trip delay in slots. If a vetransmission occurs, a message bloek will stay
in the buffer for #/ -2 slots. Thus the condition for a steady-state solution Lo exist
is ATy(R+2) < 1.

If message blocks arvive  t + Poisson rate of A blocks per second, the probability

of 1 blocks arriving ir. the interdeparture interval is

[/\([{v + l ‘i" m )’[:“]l (u\(”", f'?l!)'l"~

P(l/m relransmissions) = 7

(1.0

where { = 0,1,2,..., and, for the truncated protocol, m = 0,1, The probability
! I )

generating function {or P(I/m relransmissions) is
.

(i(z) = ¢~ NBHEmYT(1=2) (15)

Let Pgy denote the probability of the event, that the retransmission oeenrs, We

have

Ppy=Py=1-Pe— D (1.6)

Averaging (4.5) over m, the generating funcvion for the number of me cape

blocks in the interdeparture interval is given by

Alz) = G(z]m=0)(1 -~ Py} + Gz

mo= 1) Py
= (_.-.\(Ii’+|)' s(l-ﬂz)(l - ,[)[;1) 4 (‘,w.\(l?'H)"l'ﬁ(lww) I (1.7
By differentiating A(z) with respect to z, we have

A1) = MR+ 1) 4 P, ()

and
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A"y = (ANDPUR A+ 1)+ 2(R + 1) Py + Pl (L)

Thus, by equation (4.3), the average queue length n, is

A= XTNGRR A1) + Pa] | (VPR 12 42004 1) Py 4 D]

[ i

L= AT [(R+1) + Pgi] 2= QAT (R 1) - Py )
(L

From Little’. formula (3.29) the queucing delay in then given by

D, =3fr (LI1)

Notice that the consideration of the truncaled protocol with a single retrans
mission has greatly simplified the derivasion ol the generating function for the
number of message blocks in the interdeparture in.erval. The analytical resulls Tor
the untruncated type-1Lhybreid-ARQ protocol are much more involved and are not
considered in this chapter. Neveitheless, it is clear that with a laege number of
retransmissions, the type-Il hybrid-ARQ protocol will experience a greater quene
ing delay under poor channel conditions. In particular, the unteuncated type 1l
hybrid-ARQ protocol has unbounded ¢ueucing delay. ‘I'he delay will approact iu
finity when the channel bit etror rate is beyond the ervor correction capability of

the designed code.

4.4.3 Transmission Delay

When a message biock is ready lor transmission and the system quene is nol, mn:pf,_y,
the bleck must wait in the queue until all previous blocks arve transinitied, This
waiting time is the queucing delay given by equation (4.11). I the queue is empty
when a message block arrives, the block transmission will take place immediately

in the next time slot. For the truncated protacol, consider a message Mock at the
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head of the transmission queue. We can easily caleulat~ the transmission <elay for

this block as follows,

We denote propagation delay by Ty, channst data rate by Ry, and acknowl-
odgement time by 7,. The first transmission delay, or the time taken to transmit
a block if it is receired correctly the first time, is equal to Tp, + n/Ry. Round-trip
delay, or the time hetween the reception of ar incorract block and the reception of
the associated retransmission, is equal t& 215, 475 41/ Ry, Thus, for the truncated

protocol with one retransmission, the average transmissicn delay is

: . 7 n
= T e e o (O 'y A =) Py, 12
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4.5 Numerical Results and Discussion

Based on formulas (4.10), (4.11) and (4.12), nurerical results for the queue length,
queneing delay, and transmissior: delay can be obtained, Assume a channel data
rate of 1y == 4800 bps, a block length n = 500 bits, a propagation delay T, = 50
ms, and an acknowledgement time 7, = 20 ms. Then we obtain the queue length in
blocks versus ehannel bit ereor rate (py) as shown in Figure 4.3, The queucing delay
in soconds versus channel bit error rate is shown in Figure 4.4, We can see that
when thie data arrival rate increases from 0.1 block/s (light traffic) to 2.5 block/s
(heavy Lrallic), the quene length and queucing delay also increase. ITowever, for
any given data arrival rate, both queue length and queneing delay are bounded
due (o linited retransmissions,

The transmission delay in seconds versus average channel bit error rate is shown
in [Migure 4.5, We have also plotted the transmission delay lor forward error cor-
seetion and for the ideal selective-repeat ARQ protocol as references. The results
elearty show that transmission delay for the truncated protocol is bounded by the
maximum delay due to the limited number of retransmissions. By confrast, the
transmission delay of the seloctivesrepeat ARQ protocol can be very long (un-
bounded) when the ehannel bit error rate is beyond a certain limit, which may

accasionally occur on a time-varying mobile fading channel,

4.6 Summary

I order to achieve high communication reliability, various ARQ and hybrid-ARQ
prolocols may impose a very long time delay. On the other hand, FEC cod-
ing provides limited delay at the expense of reliability or bandwidth. The delay
constraints for a two-way transmission link often allow a small number of retrans-
missions, say one or two. Thervefore, the hybrid-ARQ protocol with a finite number
of retransmissions may offer a good mix of ARQ-based protocol and forward error

correction coding,
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The queusing models and the analytical results discussed in this chapter suggest
that the time delay of an untruncated ARQ-based protocol in digital connmunie:
tion networks can be greatly reduced by protocol truncation. A trade ofl can then
be made between the buffer size and ervor correction parameters to achieve maxi
mum performance and minimum complexity, Spacilically, the proposed truncated
type-IT hy brid-ARQ protocol hag bounded time delay, which is determined by the
delay constraint imposed on the coding design, Therelore, the truneated protacal
can offer better performance than both the untruncated protocol and pure 1FEC

in delay-limited applications,




Chapter 5

Coding Gain Improvement by
Protocol Truncation

5.1 Introduction

In this chapter we continue our investigation of the Lruncated protocol. We turn our
atlention to the aspect of power saving for power- and delay-limited applications.
Fvror control coding and protocols can change signal quality from problematic
fo accepltable.  Less power may thus be used to communicate between satellite
atid mobile terminals while error control techniques can be used to overcome the
vesulting loss in performance, In mobile data applications, hybrid-ARQ protocols
have heen proven to provide better reliability than a pure forward errvor ¢rarection
and a higher throughpot than the system with retransmission only [26] [118].

In future personal communication applications, signal power will be a critical
resource and should be minimized subject to the user’s desired grade of service,
Much research has been done to study different approaches to improving power
saving for point-to-point transraigsion in the face of unreliabie channels [117]. How-
ever, in power limited mohile systems, there is little known about how to evaluate
coding gain for a hybrid crror control protocol on a mobile fading channel.

[n this chapter, we propose the use of a genetalized coding gain measure for
porformance evaluation of hybrid error control protocols on mobile fading channels,

The truneated type-IThybrid-ARQ protocol propesed in the previous chapter is fur-

86
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ther discussed, In particular, we investigate the possible coding gatn improvement
obtained by using the trugeated type-IT hybrid-ARQ protocol on maohile fading
channels, including a vormalized Nakagami-m fading channel model as well as the
well known Rayleigh and Rieian channel models, The coding gain, transimission
efficiency, aud output ervor probability of the truncated protocal ave discussed i
detail, Numerical results are obtained for coding gain performance under various
channel conditions for the truncated protocel and comparable coding methods,
The perlormance of error control protocols s mobile channels is often cal
culated in anc average sense. The reason is that the signal-tonoise ratio varies
in time due to fading, Our performaance evaluation will be based on analytical
channel models, In order Lo carry oul the analysis, we assums thal the Teedback

channel is ceror-free and that ideal interleaving is used,

5.2 Description of Channel Models

5.2.1 The Nakagami-m Fading Model

There are essentially fowr types of statistical channel modets used to characterize
fading radio signals, namely Rayleigh, Rice, Nakagami, and lognormal distribu
tions [104]. Among these models, the Nakagami model is most versatile and hest
fits the bulk of field test data [3]. Thorough studies of Nakagani fading chan
nels by Barrow [4] and others [88] [33] also show that cormnunication performance
problems are analylically tractable, Therefore, the Nakagami model provides an
analytical basis for evalualing the coding gain performance of the truneated hybried.
ARQ protocol over time varying mobile fading channels, which inelade the additive
white Gaussian noise ehannel and the Rayleigh tading channel as special eases,
We assume that the signal is moedulated by binary differential phase shift, keying,
(DPSIC). Since DPYSK requires phase stability over only two conseentive signaling
intervals, this modulation Lochuiaue is quitc rabust in the presence of signal foding,

For DPSK on a Nakagarni fading channel, the received signal in the interval (0,7))
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4 T * Y T / T

m=20

Nakagami-m random variable

Pigure 5.1t Probability density function of fhe Nakagami-m. distribution

has the form

r(t) = 4g(l) + n(?), (5.1)

whore 1y is the bib duration, g(1) is the transmitted DPSK signal with signal bil
energy 1oy, and n(l) is AWGN ;V‘il,ll an ote-sided noise spectral density Ny, The
Lert 4y, lirst proposed by Nakagami [86], and known as the nonselective fading
envelope, is a random vatiable with an mevariate distribution, « is a Nakagami-m

randont variable whose probability density function iz given by

' mm .7,‘2m~'-1 77‘&')’2 ‘
} == 2 T G fand H > . ;z
J(7) T eap(=—z) 720 (5.2)

Hore o is the average power of the fading envelope v, m is a parameter representing

the inverse ol the normalized vatiance of 42, and 1'(n) is the Gamma function of
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m. It can casily be verified that the okagami-m distribution has the following

properties;

1. The case m = 1/2 vorrespomds to the one-sided CGaussian distribution,
%, The case m = | corresponds to a Rayleigh distribution

3. Asm — oo, the density tends to an impulse funetion. v therelore besumes a

constant (nouiading) so that the received signal is uliected by AWGN only.

+Hy

Without foss of generality, we adopt the convenient normalization o* = 1 [27],
s0 that the received signal in the lading channel hag an average power equal Lo [,

Thus we obtain a one-parameter Nakagami-m «isteibution with the density

: 2“7‘111,72171*1 , . )
fly) == wmwcmp(wmfy"); y 20, (f.3)

»

This probability density functic is plotéed in Migure 5.1 for various values of
m

5.2.2 Mobile Satellite Channel Models

The importart mobile satellite channel models arve fiest, hrielly reviewed in this
section. The characterizalion of a mobile satellite channel is very complex, There
ara essentially three types of slatistical channel models nged Lo characterize mobile
satellite radio signals. namely Rayleigh, Rice, and Log-Normal distributions [71].
The signal iy again assumed to he modulated by binary differential phase shift
keying (DPSK).

A satellite signal received by a mobile terminal can be approgimated by o di-
rect component (unshadowed or shadowed) and a diffuse component (Rayleigh
distributed). The direct component is the line-ol-sight signal between the mobile

terminal and the satellite, It ig alfected by the ionosphere and the troposphere and




CHAPTER 5, CODING (GAIN IMPROVEMENT 40

other natural or human-made obgtacles on the earth’s surface, The dilfuse compo-
nent of the received sigral represents the multipath reflection from the surrownding
Lerrain,

For the diffuse component, the probability density of the signal amplitude {en-

velope) v is the Rayleigh density function given by

-~ 2
o= e [-2]. o

where by is the mean-square value or power of the diffuse component 4.
When the direel component is unshadowed, the recuived satellite signal is Rice

distributed with the following density function:

2 2
. 't + A,
) = ey |- ,.,,———-“] Io( e/ bo), (5.5)
] L L)

where by is again thie power of the diffuse component. A, is the line-of-sight signal
amplitude, and fg(+) is the modified Bessel function of zeroth order,
When the direct component, is shadowed, the reccived signal amplitude 4 can

be characterized by a Log-Normal density function given by

o1 [ (ny = po)? .
,/('7) = M’Y P [ 9y 3 (5~0)

whetre ptg and dy ave the mean and variance of In v,

For a land mobile satellite channel, the radio path may be modeled as the
combination of a shadowed direct component and a diffuse component. In this
ase, the roceived signal can he statistically described by the following density

function:

o) l

r 7 2 2 72
) = Lo (nZ-pu) +2%
‘/ (7) - 1)() 27{'(“) 1] r/ arp l 2([0 2'11)0 [0 (,YZ/(M) (lZ
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o :7.....2""1(); erp ~L—~J~"‘g;(:“’a] (Log-Novmal) + » hy ’ (5.5)

) 2 H 4 i
pexp [—-g’;}-{; (Rayleigh) 5 <& Vi

5.3 Coding Gain Analysis

5.3.1 Generalized Coding Gain

In deriving the performance of binary DPSK for various fading channels, we begin
g I B

with the bit error probability lor a nonfading channel, which is

\ 0
Pi(y) = Ec:;l'p(wlﬁgl-’— : (5.8)

We view (5.8) as a conditional error probability, where the condition is thal -y
is fixed, When we average Py(5) over the Nakagami distributed fading parametoer

~, the resulting bit ervor probability is [4]

U .
P o= /D Po(y) S (7 ey

_L( o m )m (5'9)

where [5,/Ny is the average signal-lo-noise ralio in power units, When the trans

mitted digital signal is encoded, the bit ervor probability becomes

oo m

Ty e (ssmsscn s )T 5.0
’ 2(7n+l9'b¢/N(3) ! () ))

where By, represents the signal bit energy after encoding,
In many mobile communication . splications, signal power is a eritical resource
and should be minimizes! subject to the user’s desived grade of service, The power

saving ohtained through FEC coding is deseribed as coding gain [11]. As discussed
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in Chapter 2, the coding gain is normally defined as the difference bewween 12, /Ny
ratios needed o achiove a given hit error probability with coding and without
coding. Tor our truncated protocol, however, this definition does not account for
the additional signal power due to possible retransmissions, Therefore, the average
signal-to-sioise ratio has to be generalized in ovder o evaluate the performance of
various protocols on a conunon bagis, A straightforward generalization can be

obtained by simply defining Fa./No as [87) [120]

Ne p Ny

1
—_
<X
—
=
S

where g is defined as the average number of channel bits vequired to transmit
information bit, Heve g is introduced to account for the average signal bit energy
inerease due Lo retransmissions, We call g the transmission efficiency. For FIC
coding, j is the inverse of Lhe ervor correction coding rate, For any scheme involving
retransiissions, ineluding ARQ-based protocols and the truncated protorol, 4 is
the taverse of the thiroekhpat multiplied by the error detection coding rate, This
definition is casily justilicd by noting that a retransmission of the signal bit will
double the signal bil encregy.

When a coding prolocol is nsed, the average bit error probability of DPSK over

the Nakagami-m fading channel is given by

1 m ,
I) o . 1714. ] .' 2
L Z(m o+ 7‘;1’@‘;) (5.12)

Similarly, for Rayleigh lading channels, it can be easily found that

1 ,
P{, B ey 7l 5.13
21 + bofk) (5:13)

For Rician fading channels, we find
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1 e it 1 & by
21 ,)()No) [ 1’“1\}‘, 1
However, Tor Log-Normal fading channels and the more genetal cases deseribed
by (5.7), numerieal computation is nermally required.
The above expressions will be used later to caleulaie the coding main of the

truncated protocol and olher cading protocaols,

5.3.2 Transmission Efficiency

We now analyz= the (rausmission efliciency of the truncated seleetive: pepeat Lype
IT hybrid-ARQ protocol. The transmission efficiency g will be used to determine
error performance on fading channels,

| Under the noiseless leedback assumption, the analysis of transmission efficiency

is similar to the throughpul analysis of the untruncated protocol, However, the

constraint ol one retransmission allows us to obtain the transmission efliciency
directly. The analysis in [111] is only capable of finding a bound on the thronghpat
by considering a systent inferior to the enfruncated protocol,
' Suppose thal Cy is an (n, k) error detection code and ¢/ is a (2n,n) invertible
,1 code with the capability ol correcting ap to ¢ errors, in the following analysis we
assume that messages are transmiited in the form ol blocks consisting of erther
one message block 1 in 'y or one parity block 12, T'he receiver huller can accom
modate the masimunt number of message blocks transmitted diving a cound trip
transmission time,
For a transmitted message block £ to be suecessiully delivered Lo the sink asing,
the truncated selective-repeat Ly pe-T1 hybrid-ARQ protocoly the average number of
channel bits required per information bit is the average number of bloeks requirved

to transmit the message hloek divided by the error deteetion coding rate, Through

L]
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a straightforward application of the results in [111], the transmission efficiency can
be found as

= 2P, 421 = P, — PP, (5.15)

where k/n is the code rate, % is the probability that the received message block
contains no crror, . is the undetected error probability for the code Cp, and
P, is the conditional probability that the rvececiver recovers a message block after

receiving a parity block. We have

Po= (1 — P (5.16)

If C'y is properly chosen, P, is upper bounded as [ollows [68]:

Pl = (1 = Ple-tnh, (5.17)

As shown in [L11], P, can be expressed as

qo—1Y

Py=P+(1—P~—F) =y (5.18)
where
G = ( ? ) P — Py, (5.19)
=0\ J
and
v‘l / i)
y=( -y [z 21 ) PiL= P = (1= A (5.20)
1=0
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Substrcuting (5.19) into (5.16), we obtain the following result for the transmis.

sion efficiency of the truncated protocol:

o= % l:l)c + z(l - Pc - PF)(‘P‘? + (1 - I)c - 1)1)—(119‘:::%)}

5.3.3 Protocol Error Probability

The protocol error probability, denoted by Pr(ls), is the probability that the re
ceiver commits a decoding error when the error control protocol is used. This
probability is a measure of Lhe reliability of the communication system. There is
a fundamental trade-ofl involving this error probability. In a conventional (1
truncated) ARQ-base:d protons: far data communications, Pr(17) must he mini-
mized because crrop-free transmission is a basic requirement. However, the cost
of error-free transmission is Lhal both the transmission delay and the ervor detee
tion overhead will be increased, TFor applications where transmitted power and
transmission delay arve critical, we may reduce the reliability subject to a grade of
service requirement, ‘I'he truncated protocol represents sach an approach,

For the truncated prolocol with one retransmission, the protocol ereor proba-

bility is

Pr(l) = Pr(AS)+ PrAgLl)
= Pr(A§) + Pr(AG) Pr(1if|AG), (5.22)

where Ag and A{ are the events that a message block [ in Cly contains, respectively,
undetectable errors and detectable errors, and B is the ovent thal, after receiving
the parity bits of the transmitted block (retransmission), the receiver commils

P

a decoding error by accepting a decoded message block [ with uncorrectable
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errors. Reliability considerations for the truncated protocol differ from those for
the untruncated protocol and FEC coding. In an untruncated protocol, reliability
is mainly determined by the undetected error probability for Co [68]. In forward
errar correetion cading, only uncorrectable errors are considered. In the truncated
protocol, both undetectable and uncorrectable errors are taken into account, Based

on the definitions of epror events, we have

Pr(Ag) = Pe, (5.23)

where P is given by (5.18), and

Pr{AY = Py=1—=P. - P, (5.24)

where P, is given by (5.17).

Let ¢ be the conditional probability of correctly decoding the received message-
) ! y

A A

» . ; A « ‘ .
parity pair (7, ) given that hoth [ and P are detected in error. ¢ is given by

[111]

Qo—y
) = = 5'25
/,; 1. — ?? 9 ( )
where gy and y are given by (5.20) and (5.21), respectively.
Alter receiving Lhe parity bits, the receiver commils a decoding error by ac-
cepling a received message block with undetected errors or accepting a decoded

message block I* with uncorrected ervors, Therefore

Pr(1E|AS) = Py + Pu(l = q1). (5.26)

2

Substitutitg (5.24) to (5.27) into (5.23), we obtain the (ollowing result:

Pr(18) = Py 4+ Pa(Po + Pyl = f’l—fii%)). (5.27)
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From thig result we see that the reliability of the truncated protocol is deter
mined by both the error deteciion capability of code (T and the evror correction

capahility of the code (1,

5.4 Numerical Results and Discussion
5.4.1 Coding Gain Comparison

Some examples are now given to provide a comparison of coding gain for the
truncated protocol and other comparable coding strategios. T'he following lonre

coding protocols as well as the uncoded cagse are used in our comparison:
1. A pure FEC scheme employing a (500,470, BCH code (high rale);
2. A pure PIC scheme employing a (1000,470,69) BCH code (Tow rate);

3. A Wang-Lin type-I1 hybrid-ARQ protocol employing a (1000,500,55) creov

correction code and a (500,470) error detection codey

4. A truncated type-IT hybrid-ARQ protocol which also employs a (1000,500,55)

arror correction code and a (500,470) ervor deteetion code.

Notice that for each Lransmission, the coding strategies 1, 3, and 4 have the
same bandwidth efficiency so that they can be compared on a common bandwidth
basis. On the other hand, the coding strategies 2, 3, and 4 have the same designed
code rate so thal they can be compared on the same coding capabilily Dhagis.

For the truncated protocol, we have obtained the protocol error probabilivy
given by (5.28), [or the untruncated protocol, the protocol error probability is
approximately given by [111]

p)

; . L.
I 1Y e 32 ‘ \ 5.
Pr(f2) = (1 + P (5.28)
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Iigure 5.2¢ Coding gain analysis (m = 1, Rayleigh fading chanzel)

The protocol crror probability in FEC is simply the probability of incorrect
decoding, denoted by Pren. We assume that bounded-distance decoding is used
in FIEC, The bounded-distance decoding procedure corrects all ervor patterns of
woight € or Jess and no olhers, where ¢ is the largest integer equal to or less than
(d=1)/2 [81]. Sinee there is no ervor detection involved, for an (n,k,i) linear block
code with bounded-distance decoding, the probability of incorrect decoding on a

memoryless binary synetric channel is given by [81)

Py, (5.29)

ol \ .
Prop =3 ( ; )1’,}(1-—

Jezief |

For DPSK modidation on a Nakagami-m fading channel, the channel bit error
probability 1% is given by (5.13).

Figare 5.2 shows the average signal-to-noise ralio versus the protocol errot
probability for the above four coding strategies ag woll as the uncoded case. In

regard to the coding gain improvement, we have the lollowing comments:
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Iigure 5.3: Throughput comparison of varions coding protocols, where simulation
results shown count only crror-free blocks
o When the signal-to-noise ratio is high, i.c., the channel is in good condition,
the performance of the truncated protocol approaches ihe performance of the
untruncated Lype-I1 hybrid-ARQ protocol. This is hecanse in mosl cases no

retransmissions are required when the ehannel is good,

o When the signal-to-noise ratio is low, the performance of the truncated pro-
tocol approaches Lhe performance of low-rate FISC code, providing improved
power saving and reduced time delay in comparison to the untruncated pro
tocol, T'his is heeause the extra retransmissions in the untruucated protocol
are simply wasted if the goal of the system design is to provide reasonable

veliability (say, 1077) instead of “ervor-free” performance (say, < 10-19),

o When the signal-to-noise ratio is low, the performanee of the truncated pro-
tocol is slightly inferior Lo the performance of low-rate FEC, This Ju Lecanse

the truncated protocol must reserve some parity bits for error deteetion in-
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stead of making, full use of the code’s error correction capability.

o Both the truneated and the untruncated protocol ontperform the high-rate

FPEC strategy al the expense of increased complexity.

From IPigure 5.2 ane may conclude that the low-rate I'IXC is the best in terms
of coding gain improvement. [Towever, since most practical channels are in good
condition most of the time, the low-rate FIEC does not make efficient use of the
channel, This can be clearly seen when we compare the throughput of a lows
rate T'EC stralegy and the triuncated protocol as shown in Pigure 5.3, Simulation
results are also shown for the truncated protocol. [ can be seen that the truncated
protocol provides twice the throughput of the low-rate FEC when the channel bit
error rate is below 1079,

Figures 5.4 Lo 5.8 compare the coding gain of Lhe truncated protocol and the
untiuncated protocol for other values of m. Different values of the parameter m
represent dilferent, channel fading conditions.

Pigures 5.9, 5,10 and 5,11 further show the average signal-to-noise ratio
(I ) No) versus the protocol error probability on the Rayleigh, Rician, and AWGN
channel, respeetively. Notice that on the Rayleigh {ading channel, it is shown that
the truneated protocol is 3 d13, 5 d B, and 8 dB better than the type-1L hybrid-ARQ
at BER levels of 10-4, 10=7, and 1078, respectively.

Suppose thal we ave given design vequirements for reliability, bandwidth el-
liciency, and transmission delay, From the numerical results shown, we see that
by proper selection of hoth the error detection and the error correction codes, the
truncated protocol provides significant coding gain improvement over the untrun-
cated type-T1 hybrid<-ARQ protocol. Moreover, the implementation complexity for
the truneated protocol is less than that for the untruneated protocol hecause both
the transmitter buller and the reeciver buffer are casier to design for the truncated

protocol than the untruncated protocol.
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5.4.2 Optimum Error Detecticn

In the Wang-Lin protocol, the capability of the error deteetion code is determined
by the reliability requirement. Power saving in terms of signal-lo-noise ratio is
not a major concern, However, in the truncaled protocol, the selection of error
detection capability is erucial, The ervor detection code should be chosen sueh that
the signal-to-noise ratio is minimized subject to the given reliability requirement,
IFigures 5.12 and 6.13 exhibit the behavior of two diffevent error detection codes
with the same code length., There is a bit arvor probability floar hetween 15 d /3
and 25 dB in hoth rases, These floors are determined by the number of parity bits
in the error detection code (.

In practice, il iany parity bits are allocated for the ervor detection code, pro-
viding a very low protocol error probability (say, 10='7), the extra parity hits ave
wastaed for a typical error probability requirement of 107%, Unnecassary parity bits

also reduce the coding gain when the truncated protocol is used, Therefore, for a
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(me= Ly~ k= 27)

given reliability requirement, we can find an optimuam error detection code for the
protocol,

Suppose thal a (1000,500) invertible BCH code [67] is specified for the code Ci.
We wish to determine the ervor detection code Cy thal will achieve the maximum
power savings. Assuming a fading channel parameter of m = 1, the minimum
required signal-to-noise ralio corresponding to various numbers of parity bits is
given in 'Table 5,1, Reliability requirements of 107, 10=%, and 10~7 are assumed.
Table 85,1 shows that the requived signal-to-noise ratio achieves a minimum with
1o~ ko= 27 parily bits, Notize thatb this improved coding gain is achieved ab the

expense of a slightly eeduced throughput.

5.4.3 Queucing Results on Nakagami Fading Channel

Based on queucing results derived in Chapter 4, further numerical results for

the quene length and queneing delay on mobile fading channels can be obtained.
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Table 5,1 Optimum ervor detection
}

Required signal-lo-noisc ratio(dB3)

—k 0§ 18 27 396 45 Bl 63 T2 8l
Pr(EY=10"°|17.0 469 154 152 153 154 155 156 156

3

(5.7
Pr(E)=10"%|57.0 56.9 B804 156 157 158 158 150 160 16
Pr(E) =10"" | 67.0 669 40.0 159 16.0 161 162 162 163 |64

SR s S

Consider the Nakagami lading chiannel and again assume a chanvel data rate of
Ry = 4800 hps, a block length n = 500 bits, a propagation delay 15, = 50 ms, and
an acknowledgemoent time 75, = 20 ms. The queue length in blocks versus averape
channel bit error rate (/%) is shown in Pigare 5,14 and Figure 5,15, The gueueing,
delay in seconds versus average channel bit ervor rate (1) is shown in Figare 5,106
and igure 5,17, Again we can see that when the dala arrival rate increases from
0.1 (light traflic) to 2.5 (heavy wraffic), the quene length and guencing delay also
increase, lowever, for any given data arrvival vate, hoth queae length and queneing,

delay arc bounded due to limited retransmissions,

5.5 Summary

An analytical approach has been employed o evaluale the coding gaiu ol the
truncated hybrid error control protecol on mobile fading channels. By using this
approach, the power savings offered by various error control protocols can be com-
pared on a common basis. ‘The channel models which we have considered include
the Nakagumvi-m, Ruyleigh, Rice, and Log-Normal fading distributions, In partien
lar, the trancated protocol is shown to provide significant coding gain hinprovemen
(5~ 8 dB) over the comparable FEC and the conventionai bype-1or type-II hybrid-

ARQ protocols for delay-limited mobile applications,
, Y I

0
1.8
6.2
16
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Chapter 6

Matched-rate Adaptive Coding
with Feedback Transmissions

6.1 Introduction

Up to now, cede parameters have been predetermined in every hybrid error control
protocol we have analyzed. Whether or not the predetermined code parameters
are matched with the real channel conditions has not been considered. In order
to further improve the performance, we would like to investigate the problem of
mabching code parameters with changing channel conditions.

In mobile communicalions, the control of transmission errors is a major chal-
lenge due to fading and other time-varying interference. Satellite communications
with land-mobile terminals also suffer from large variations in the received signal
power due to mullipath fading, signa' shadowing and rain attenuation [20] [58].
Simple ARQ protocols often provide very low channel efficiency or throughput in
such noisy links., For real channels with a time-varying statistic, one would like
to design an adaptive error control coding system. When the channel is good,
the system would have only error detection parity bits included in each transmis-
sion. When the channel hecomes noisy, extra error cortection parity bits should
be added to match the channel condition, resulting in efficient channel use.

In the previoug chapters, we have discussed various types of hybrid error control

techniques. These more sophisticated protocols make use of both error detection

110
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and error correction coding to achieve high throughputs and low undetected er-
ror probabilities. Tlowever, often the error correction capability in a hybrid-ARQ
protocol is not matched with the actual channel conditions. In other words, the
code rate is not optimum in terms of efficient use of the channel, For example, the
well-ktiown type-IT hybrid-ARQ protocol using a hall-rate invertible code [111] has
only two adaptable code rates. As is shown in this chapter, the throughpat pro-
vided by this hall-rate type-IT hybrid-ARQ protocol is far less than the maximum
achievable throughput.

More recently, several adaptive ARQ-based protocols have been proposed lo
further improve throughput [109] [100] [77]. In these adaplive protecols, the opli-
mum code rate or optimum block size is selected according to the actual channel
state. However, the channel state estimation in these protocols is based on count-
ing the number of erroncous blocks. Since an crroncous block is defined as a block
containing one or more erroncous bits, a good channel state estimation vequives
the transmission of many blocks, and hence is slow, In [44] and [51], generalized
type-IT hybrid-ARQ protocols with incremental redundancy have been proposed
and analyzed. However, as in a conventional type-Il hybrid-ARQ protocol, the
generalized protocol starts with the highest code rate so that the code rate may
not be quickly matched with the channel condition if a poor channel state lasts
for a long time period, as it does in some mobile data links. Efficient adaptive
proteeols which ave able to promptly match the error correction coding capability
with the changing channel conditions have yet to he developed and investigated,

In this chapter, we propose a new adaptive error control protocol using Reed-
Solomon codes. The protocol uses feedback transmissions of received blocks to
achieve faster channel state estimation. Such a protocol can be applied to many
applications where a feedback channel is available and not [ully utilized, such as
file transfer in a two-way communication link. In section 6.2, we describe the pro-
posed hybrid-ARQ protocol, which uses an RS code with feedback transmissions,

Section 6.3 analyzes throughput of the proposed protocol as well as the type-il




CHAPTER 6. MATCHED-RATE ADAPTIVE CODING 112

FREDBACK
CHANNRL
Data In ADAPTIVE m:‘@m Data Out
1] ‘ FORWARD ARQ
—————t  ARQ
ENCODER CHANNEDL DRCODER:
. . ) e elvol
Trunsmitter Binary Forward Channel Receiver

Iigure 6,1: Hybrid-ARQ error control using a rate-adaptive Reed-Solomon code

hybrid-ARQ protocol using a half-vate RS code. In section 6.4, a matched-rate
adaptive algorithin is derived and the throughput capacity of hybrid-ARQ pro-
tocols iy investigated, The impact of typical time-varying channel conditions is

discussed in section 6.5, followed by some concluding remarks in section 6.6.

6.2 Description of the Proposed Protocol

The system under consideration is illustrated by the block diagram shown in Fig-
ure 6.1, Adaptive lorward ervor correction is concatenated with an ARQ protocol.
The CCTI'T CRC-32 [97] is used for error detection and an RS code is used for
error correction, RS codes are chosen because they can provide a wide range of
code rates and o they are good candidates to implement an adaptive error control
protocol. IL is also known that RS codes make highly eflicient use of redundancy
and that efficient decoding techniques are available for use with RS codes. In
addition, the weight distribution of any RS code is known, making performance
evaluation analytically tractable [53].

Clonsider a CRC code that has a codeword length of n' symbols and an RS code
that has a codeword length of n symbols. Let & be the number of information
symbols after the #th update of the ervor corvection code rate. Assume that the

symbol error probability in a feedback transmission is approximately the same as
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in the preceding forward transmission and denote it by p,, The proposed protocol

can then be described by the following procedure:

Step 1:

Step 2:

Step 3:

Step 4:

Step 5:

Step 6:

Step 6

S(;ep 6

Step 7:

CRC encoding - &; information symbols are encoded to an (0, &) CRC code-

word,

RS encoding - the n' CRC codeword symbols are further encoded to an (1, n')

RS codeword which is denoted by N,

Forward transmission - on average pyn symbols in an RS codeword of length
n will be in error after forward transmission, Let N* denote the block cor-
responding to Lhe RS codeword received ab the receiver alter the forward

transmission.
RS error correction - n symbols in N* are first decoded by the RS decoder,

CRC error detection - the decoded n' symbols are further checked by the
CRC.

Feedback transmission (case 1) - if no error is detected and the CRC codeword
does not contain any RS parity symbols, an ACK message is senl back to

the transmitter and the procedure is repeated from Step 1,

Feedback transmission (case 2) - if no errov is detected (acknowledged) and
the CRC codeword does contain RS parity symbols, the undecoded hlock N*

is sent back to the transmitter and the procedure is continued from Step 7,

Feedback transmission (case 3) - if the CRC! deteets an error, the undecoded
block N* is sent back to the transmitter and the rrocedure is continued from
Step 7.

Channel estimation - let N** denote the block received at the trangmii-
ter after the feedback transmission. At the transmitter, the Hamming dis-

tance in symbols hetween N** and N is counted, I'his number is denoted
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by dis(N, N**) and is used to calculate the estimated channel symbol error

nrobability, denoted by pj.

Step 8: Code rate adaptation - the RS code rate is changed hased on a function of
¥, denoted by F(p;). The function F' is derived in section 6.4, If is designed
to let the error correction capability of the RS code match the estimated

channel condition.

Step 9: 1 the preceding codeword is not acknowledged, the procedure returns to
stop 1 and retransimissions are invoked - the number of information sym-
bols is changed to obtain ki based on the new code rate. The number
ol information symbols kiyy is unchanged until the codeword is successfully

acknowledged by the receiver,

Step 9': If the preceding codeword is acknowledged, the procedure returns to step 1
and new brangmissions are started - the number of information symbols is

changed to obtain ki based on the new code rate.

In the proposed protocol, unless the code rate is at the highest rate (CRC
only) and the received block is acknowledged, the receiver sends back the whole
undecoded block to ihie transmitter. The novel aspect of the proposed protocol
is the estimation of the channel state using the information provided by feedback
transmisgions of whole blocks instead of ACK or NAK messages.

Block retransimissions in the proposed protocol can be based on any basic ARQ
protocol such ag stop-and-wait, go-back-N, or selective-repeat. For simplicity, in
the following we will consider only the SR protocol. Tdeal interleaving is also
assumed so that the channel inay be modeled by a binary symmetric channel with
a time-varying bit crror probability. As in an ideal SR protocol, the receiver is
assumed to contain suflicient storage to save any post-NAK blocks until the block

veceived in error i retransmitied successfully, and the logic for reinserting the block
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in the proper sequence, The transmitter is also assumed to have the required logic
to send blocks out of sequence,

It is possible that every retransmission of an NAKed codeword in Step 9 may
have a different new code rate, This would require more complex buflering at the
transmitter, Since the new code rate is designed to be malched with the estimated
channel condition, the probability of more than one retransmission is very low,
Therefore, as long as the channel remains approximately unchanged during two
round-trip transmission periods for most of the time, we can adopt the strategy of
keeping the adapted code rate until a successful transmission occurs,

Also notice thal in every first transmission, the number of information symbols
in the first step may be different depending on the estimated channel condition
during the transmission of the preceding codeword, Therefore, the initial number
of information symbols (ky) does not matter over a long term and may be simply
set to have crror detection only. In the following sections, this dynamic adaptive
strategy is shown to provide a much improved throughput velative to comparable

type-I and type-I1 hybrid-ARQ protocols.

6.3 Throughput Analysis

In throughput analysis, an ACK failure probability can be easily introduced to
consider the possible loss of ACK messages under poor channel conditions [20)
[120] [121]. Since the proposed protocol is to be used in applications where the
feedback channel is not fully utilized, we may assume that ACK messages can
be heavily coded, The loss of ACK messages will therefore not be considered in
the following analysis., Modulation is also assumed to provide the required block
synchronization,

Consider that the RS code employed in the proposed protocol hag a codeword
length of n = 256 symbols. The RS code is defined over (L//(27), Tach symbol
contains m bits (m = 8), CRC-32 has 32 redundancy bits so that the CRC

i
¢ i
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codeword length is n' = k+4 symbols or n' = 8k + 32 bits, where k is the number
of information symbols in a codeword. Notice that the (256,n") RS code is in fact
a lengthened RS code obtained by adding an information symbol to the (255, n')
RS code. After lengthening, the minimum distance (d) remains unchanged and
tde=n-—k+1.

The m bit symbols are transmitted sequentially over a BSC with time-varying
channel bit error probability py. The receiver performs symbol regeneration prior to
the RS decoder, By bit interleaving over a sufficiently long period, the memoryless
channel assumption can be [ulfilled for mobile radio channels. For clarity. we have

used the equivalent channel symbol error probability, denoted by p,, which is given

by

ps=1—(1—p)™. (6.1)

For a forward transmission immediately followed by a feedback transmi-*»
due to poor channel conditions, the real channel will probably have the same
poor condition for Lransmissions in both directions, because of the short time
period involved. We therelore consider a channel with the following time-varying

stalbistics:
e With probabhility », the channel condition ab the beginning of a codeword

transmission is unchanged relative to the preceding codeword;

o With probability 1 — v, the channel condition at the beginning of a codeword

transmission 18 changed relative to the preceding codeword;

e T'he channel condition during the short period of a codeword transmissions,
including botl forward transmissions and feedback transmissions, is assumed

to be constant,

Suppose that cach hlock contains exactly one RS codeword of length n symbols.

A cadeword is then simply an encoded data block. To derive the analytical result
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for throughput, Py, the probability of block retransmission, needs to be determined
first. |

As defined in Chapter 3, Pgp is the probability of decoding failure of an RS
rode, A bounded distance decoder based on the Berlekamp-Messey algorithm
is used to implement the RS decoder. The decoder selects as the transmitted
codiaword any codeword that differs from the received word in ¢ or {ewer symbols,
where t is the erver correction capability of an RS code. Iff no such codeword
exists, a codeword error is detected, If the received block is within distance ¢ of
an incorrect codeword, a decoding error is commitied.

Again let Pepy and Prap be the probabilities of correctly decoding and in-
correctly decoding into another valid codeword, respeetively, Tquabions (3.63)
to (3.69), the analytical vesulls of RS codes, can then be readily applied, For a
Reed-Solomon code ol lenglh 2566 symbols with the capability of correcting up to
symbol errors, the typical values ol Pep and Prep are shown in figure 6.2, Notice
that the effect of Prep can not be neglected when channel ronditions are worse
than 102,

Let P, be the probability that a received block containg no symbol errors, We

have

Py=(1-p,)" (6.2)

Let P, be the probability that a CRC codeword of fength n' symbols alter RS
decoding contains an undetectable error pattern, For CRC-32, it is known that £,

can be estimated by using the following bound [68],

P S 97521 o (1= 2p)BFH32 o 0(1 — py )BEH2] € 02 oy 1010, (6.3)

for 0 < py < 0.5, where 8k32 is the length of a GRC-32 codeword in bits, Because

P, is negligible, CRC-32 can be considered to provide ideal error detection.
g s I
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channel symbol error probability
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We now consider the worst case, where the rhannel condition is always un-

malbched with the code rate in the first transmission (v = 0). The more general

case (¢ > 0) will be considered in section 6.5. Consider any point in time and let

Plp and f‘m) be the RS decoding failure probability evaluated before and after

the code-rate adaptation, respectively. For a codeword to be successfully accepted

by the receiver, the average

- ! !
! ,matvh = |- pED 2 (1 - ‘[).E}D)

number of transmissions needed is

n
n — 2

+ 1 (1= Plyy) e P31 = Ppp) + -+

1, = Dl

n 1 Pl/i'D
20 Pgp

= Ph o
T

n | - ]);'JD

(1= Pop) +8+ (1= Php)——=Prp(l = Pap) + -+

[2Pgu(1 = Pep) + 3PEp(1 = Pep) + -+ + IP53(1 = Pep) + ]

1

m———r j)/p "*“
ED T ot Pep

"""l.“‘.Pl .
1= Prp ( D)

Heuce, the throughput of the proposed protocol is

(6.4)
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l, , 8k s
NMmater = Tmalch (Sk +32) . (().«.))

In the above result, notice that & and ¢ are determined prior to cach trans-
mission based on the ACKed or NAKed block received at the transmitber. It is
this dynamic strategy of the new protocol that results in a better match with the
time-varying channel conditions.

Since most real channels ave in good condition most of time, the first transmis-
sion of a data block may frequently be made with error detection only. Yor this
important special case, we can simply replace Pl in the above veeulls by £ and

obtain an expression for the throughput

_ n 1—P, 1 , , ]}"‘ 8k o
maich = {PC + n—2 Pgp [1 —~ Pgp (1= Pin) 8h--32/)" (6.6)

As a comparison, we can analyze the throughput performance ol the selectives
repeat type-IT hybrid-ARQ protocol using a hall-rate RS code of the same block
length, This protocnl is the same as the protocol propased by Wang and Lin [111]
except that an RS code is used as the hall-rate invertible code instead ol a binary
(2n,n) invertible code.

Suppose that CRC-32 is also used for error detection and a (256, 128) RS code
is used with the capability of correcting up to ¢ symbol ervors ({ = 64). The
number of infermation symbols is equal to 124 because 4 symboly are reserved for
CRC bits.

Through a straightforward application of the results in [111], the average num-

ber of transmissions needed to successfully transmit a codeword can be found ag

th/pe[] = Pc + 2(1 - [)c) /)t, (6:7}
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whera P, is the conditional probability that the receiver recovers a data block (first
hall of the (256,128) RS codeword) after receiving a parity block (second half of
the (266,128) RS codeword).

With 1% given by (6.2), and n = 128, P, can be found as

. -1
!)t = Pc+(l-Pc)glo—~"!7/, (6.8\
where
: an ; wy V2N
o = Z j 77.{;(1 - I’s) s (6 9)
J:
and
{ -
y= (1= p)" [‘ZZ ( ';’ ) ph(1 = po)" " = (1= py)*] - (6.10)
1=0

Substituting (6.8) into (6.7), we obtain the following result for the average
number of transmissions needed to successfully transmit a codeword using the

type-I1 hybrid protocol:

ert = oot 21 = PP+ (L= P 2R, (6.11)

[Tenee, the throughput of the type-TT hybrid-ARQ protocol is

1 Sk
' pe = ) ¢ ) 2
e Ttypell <S/\¢ - 32) (G 1 )

Notice that the number of information symbols in the type-IT hybrid protocol

is fixed, Only two code rates are available for use in response to the channel
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conditions. Regardloss of the length of time poor channel conditions persist, the
type-IT hybrid-ARQ protocol always starts with the high code rate in the first

transmission,

6.4 The Matched-.ate Adaptive Algorithm

As describe in section 6.2, the proposed protocol sends back the received block
through the feedback channel for the purpose of channel estimation. Now we need
to {ind the new ervor correction capability { by estimating the channel symbal error
probability p, whenever the channel condition changes.

In the proposed protocol, the channel condition may he different cach time
a received block is sout back to the transmitter. 11 the hlock has alpeady heen
retransmitted onee or more, the newly caleulated /s simply discarded, Otherwise,
the new ¢ is used (o modily the code rate for subsequent transmissions, regardloss
of the previous code rate,

Tor an estimated channel symbol error probability pi, one can expeet that on
average pin symbols will be in crror after a forward transmission, If the length of
codewords is nol too shorl, say n = 256, as in onr case, a good estimalte of p, can

be obtained by

lis(N, N*
p;m'”q(l:&’ ) (6.13)

The new code rate cloarly depends on the channel condition characterized by
%, We need to find out how to estimate the value of pf al the transmitler gide,
Py Dy
Although n and N are known, N* is not known at the transmitber,

Notice that when a received block is sent back to the trangmitter, we also have
¥

dis(N*, ") (6,14
n ‘ -

-

2y
[ly »5
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A block which hag experienced both a forward transmission and a feedback
transmission will have a concatenated channel symbol error probability, denoted

by pl, equal to
py=1—(1=p))(1-p). (6.15)

We Lhen have

dis(N,N™) = ufl ~ (L —pi)(1 = p3)] = npi(2 — p3). (6.16)

Solving the above equation for py, we obtain

1
PRIy Ar S 6.17
P =1 n\/n n - dis(N, N**) (6.17)

Hence, the new code rate can be found by adapting the error correction capability

t based on a funetion of g%, that is

1 .
{ = I"(p¥) = F(l — =y/n? —n-dis(N, N*)). .
{=I'(p}) = F(1 n\/n n dis(N, N**)) (6.18)

We need 1o determine the function F in the above algorithm. Intuitively, one
may think thas the ervor correction capability ¢ should be equal to the estimated
average number of symbol errors in a codeword. This is in fact incorrect. In order
to clarily this point and find the correct form for the function [7, let us examine the
throughput performanee of a hybrid-ARQ protocol which uses an RS code with
fixed error correction capabilily, also known as a type-I hybrid-ARQ.

Motice first. that the throughput of an ideal SR ARQ protocol using CRC-32 is

given by [68]

Sk
nsn =P | o |- .
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By using the analytical results presented in aection 6.3, the throughput of a
type-I hybrid-ARQ protocol using an RS code can be readily derived. Notice that

the average number ol transmissions needed to transmit a codeword is

Typer = 1-(Pep+ Pren) + 2+ Pep(Pep + Prep) + 3+ Pip(Pen + Pron) 4+

1
= e— 3.20)
1= Ppn (6.20)
The throughput of a type-T hybrid-ARQ protocol is thus
Nper = (Pep 4+ Prep) _ S8k \ (6.21)
e ! e, YN

The throughputs of a type-1 hybrid-ARQ protocol with error correction capas
bilities ¢ = 26 and [ =386 is shown in Migure 6.3, Also shown is the throughput of
the ideal SR ARQ protocol as a comparison, At a channel symbol error probability
of 107!, one may expret on average o have 26 symbols in error in a code of length
256 symbols. Il the code rate is mis-malched in such a way that { = ceil(np?),
where the function ecil(ir) is defined as the smallest integer which is equal or greater
than @, it can be seen that its throughput is much worse than the protocol using
L = 36 at the same channel condition of 10=1, "Therefore, the coding rale should
be defermined by the crileria of maximum throughput instead of by malehing the
expected number of symbols in ervor.

In order to determine the function 7y consider an {n, £) RS code defined over
GP(28) that is used for f-crror correction. A received block will be decoded cor-
rectly if it containg  or fewer symbol ervors. That is, il the received block is
contained within a radius-£ sphere surrounding the transimitted codeword, decod-
ing will be successful. However, the probability of « symbol errors occurring in an

RS codeword of length n, denoted by £, is
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Figure 6.3: Throughput of a mis-matched protocol and an improved type-I hy-
brid-ARQ protocat, where CRC codeword length is 260 symbols and RS codeword
length is 256 symbols

P, = ( z ) (L —pg)™ " (6.22)

For the given channel symbol error probability 1072, the probability distribu-
tion of u symbol errors ocenrring in an RS codevrord of length 256 symbols is
shown in [Migure G, For dillerent channel conditions, the envelope of the prob-
ability distribution of & symbol errors occurring in an RS codeword is shown in
Pigure 6.5. We can see thal the probability that the received codeword contains

wore than np, symbols in etror, denoted by B,,, cannot be neglected. We have

: - i 1 N1
Py = E ( 16 )])s (l - 7)3) " (6‘23)
)

u=vceil{npy

In general, the error correction capability of an RS code is proportional to
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thre number the redundant parity symbols, but these parity symbols reduce the
throughput by increasing the overhead. Therefore, more error correction capability
may not lead to hetter throughput, The code rate to match with the estimated

channel condition should be determined such that the following ratio is maximized

{Lhrcmglmnt inerease due to the adapted error correction ca.pa.bility} (6.24)
ma g (6.24

0z1gdzt throughput, deercase due to the overhead of the adapted code

In other words, matched-rate adaptive error control is achieved by maximizing the
throughput nuder varions channel conditions,

Recall that the throughput of the proposed protocol is determined by both Pep
and P, given by (3.61) and (3.65), respectively. The analytical optimization
of the above ratio is difficnlt to carry out, if not impossible. Iowever, there is
an easier way to find the adaptive function . In Figure 6.6, the throughputs
of a type-T hybrid-ARQ protocol using an RS code with different error correction
capahilities are shown. Notice that when £ = 0 the type-T hybrid-ARQ protocol
hecomes the ideal SROARQ. Tt can be seen that throughput can be maximized if
the new code rate is chosen such that the throughput of the adapted protocol is
always located on the envelope of all possible throughputs provided by the type-I
hybrid-ARQ protocol al the estimated channel condition. This envelope may be
called the ideal malehed-rate throughput,

Of course, one may numerically caleulate all possible throughput curves of a
type-1 hybrid protocol and obtain a set of data which approximates the envelope
and thus can be used for the calculation of the new code rate. Analytically, we have
also obtained an empirical formula which is a good approximation of the required

funetion I for adapting code rates. The function is given by

Lz F(p) = ecil(npt 4 yo(1 = €7™3)) = ceil(npl + 5.5(1 — ™)),  (6.25)

where the constaiit 4 has been determined experimentally for the proposed pro-

tocol. For any given chanmel symbol error probability, the empirical formula has
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Figure 6.6: Ideal matched-rate throughput observed from the maxinum through
put envelope
been found to yield a caleulated code rate which provides a throughput very close

to the ideal matched-rate throughput,

6.5 Numerical Results and Discussicn

In this section, numerical examples concerning the throughput for different time
varying channel conditions are presented. As a comparison, the throughpuls of
the type-I and type<IT hybrid<ARQ protocols using an RS cocle of the same Llock
length will also be presented. The (256, n') t-crror-correcting RS codo and CRC-
32 are assumed to be used in all these protocols, As in the previouy sections, tie
throughput of the ideal scelective-repeat ARQ protocol is also shown as a reference,

The throughput performance of two typical Lype<I hybrid-ARQ protocols and
a type-IT hybrid-ARQ protocol with a hall-rate RS code are shown in Figure 6.7,
It can be seen that the performance of the type-I11 hyhrid-ARQ protocol is hetier

than that of the type-I hybrid-ARQ protocol when the channel is in a very good
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Migure 6.7: Throughput performance of type-I and type-1I hybrid-ARQ protocols,
where CRC codeword lengtli is 260 symbols and RS codeword length is 256 symbols
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(< 1073) or in a very poor (> 1071 condition. For a channel with a symbol
error probability between 107! and 1072, the performance of a type-1 hybrid-ARQ
protocel is better, As we have explained in the previous sections, this is due to
the matching of the error correction capability wi(‘Jul the channel conditions,

Now let us have a further look at the case of type-IT hybrid-ARQ protocols, The
throughput performance of a type-IT hybrid-ARQ protocol is shown in Pigure 6.8,
permitting comparison with the ideal matched-rate throughput performvance. It
can be scen that under most channel conditions, the code rate of a type-IT hybrid-
ARQ protocol using a half-rate code is not matched with the channel conditions, In
other words, there exists a significant throughput gap between the type-1T hybyid-
ARQ protocol performance and the ideal performance,

Is it possible that the proposed protocol can approach the ideal matehed-rate
throughput? The answer is yes. In section 6.3, we derived an expression for the
throughput of the proposed protocol under the worst channel conditions, which
occur when the channel is always unmatehed with the code rate in the first brans
mission, Now consider the ideal situation, in which the code rale is always inatehed
with the channel condition. In this case the formula to caleulate the throughput of
the proposed protocol is the same as the result for a type-1 hybrid-ARQ protocol,

which is given by

m
Mnaten = (Pop 4 Pran) - (8/»“:/:,:;2) ) (6.26)
except that the values of Pep and Prep are obtained based on the different code
rate caleulated by using the adaptive formula (6.25) for cach channel symbol ey
ror prebability. “T'he throughput of this ideal matched-rate adaptive prolocol is
very close to the ideal matched-rate throughput. In practice, although the ideal
matched-rate adaptivity may not be achieved, we inay reasonably expect thal the
real throughput performance of the proposed protocol will be hetween the ideal

case and the worst case, For example, let us consider the sitnation in whicl the
ALy s

.
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code rate of the proposed protocol is matched with the channel condition 90% of
the time, and is completely unmatched, as considered in the worst case, 10% of
the time. The throughput performance under these conditions is shown in Fig-
ure 6.9, It can be seen that the throughput performance of the proposed protocol
approaches the ideal malched-rate performance when the matching percentage in-
creases, The actual percentage depends on the time-varying channel condition. In

general, the throughput of the proposed protocol may be described as

8k
Mmateh =V (Fen + I)ICD) ' (8/\' + 32>

! sk
(=) e _ ( 1 >,(6.27)
Pet s [1-}1@[, - (1— Pﬁ;z))] 8k + 32

where v may he called the malching percenlage. As a comparison, if the code rate is
determined to be equal to eeil(np?) (inis-matched), the corresponding throughputs
for different. matehing pereentages are shown in Figure 6,10. It can be seen that
the mig-matehed performance is worse than the performance of a system which
adapts the code rale using the function given in (6.25).

In comparison o other known adaptive error control protocols, such as the
protocol prosented in [100], the proposed protocol is able to provide faster channel
estimation, The reason is simply that the proposed protocol can estimate the time-
varying chaunel condition by comparing the corrupted codeword and the original
codeword ab the Lransmitter alter every round-trip transmission time period. In
other words, the channel condition is estimated by counting the error symbols in
a block rather than the number of blocks.

In comparison to a Lype-IL or a generalized type-IT hybrid-ARQ protocol, the
proposed protocol could also provide faster code-rate adaptation when a poor
chanmel condition persists.  In the proposed protocol, the code rate in the first
transmission of any data block is determined by the estimated channel condition in

the preceding time period, while in a type-IL hybrid-ARQ protocol, the initial code
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rate is always the highest rate (error detection only). This dynamic adaptation
strategy has been shown in Figure 6.8 to provide better threughput efficiency than

a conventional type-11I hybrid-ARQ protocol.

6.6 Summary

The ideal matehed-rate throughput achievable by a hybrid-ARQ error control pro-
locol hag heen identified in this chapter. A matched-rate adaptive error control
protocol is proposed Lo reduce the throughput gap between the ideal performance
and that of a type-t hyhrid-ARQ protocol using a hall-rate Reed-Solomon code,
[L is shown that significant throughput improvement can be obtained by using the
proposed protocol, Tn particular, under certain time-varying channel conditions,
an ampirical algovithm indicates that the throughput of the proposed protocol
approaches the ideal matehed-rate throughput,

To the hest of our knowledge, this is the fivst time that the dynamic adapta-
tion of error corvection coding using feedback transmissions has been presented.
Although our new protocol and its throughput estimates are discussed for a time-
varying BSC only, and may appear a little empirical, we have shown the possible
performance improvement oflered by the new protocol.

Our discussion on the new protocol with feedback transmissions has been based
on the hybrid-ARQ protocol using Reed-Solomon codes. However, the concept of
matched-rate adaptive error control coding can be readily integrated into protocols
using other error corvection codes, For example, it may alse be applied to a hybrid-
ARQ error control protocol with punetured cetovolutional codes [44] to achieve the

matehed-rate condition,




Chapter 7

Numerical Optimization of
Coding Parameters

7.1 Introduction

The previous chapter on malched-rate adaptive error control coding has heen based
on the idea of type-11 hyhrid-ARQ protocols. In applications where channel stadis-
tics are relatively time invariant, a properly designed type-1 hybiid-ARQ protocol
with a t-crror-correcting code is olten a more cost-effective choice, One of the maost
important issues in investigating type-1 hybrid protocols is to choose a proper code
since crossover points for throughput efficiency exist among plain ARQ, type-1 and
type-II hybrid-ARQ, as shown in Figure 7.1.

Research regarding the oplimum block length has already appeared in the liter
ature [18]. In this chapler, the optimum code for error corvection and the optimum
block length in type-I hybrid-ARQ protocols are investigated by a pragmatic op-
timization method. ‘I'wo new criteria called “overall throughput” and “maodified
throughput” are proposed to meastre the performance capability in order to carry
out optimizations, 'I'he optimum system parameters for a type-I hybrid-ARQ pro-
tocol with BCI error correcting codes and RS codes are obtained by numerical
optimization, The optimun design offers the local maximum of overall throughput

performance with Lhe least system complexity.

133
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Figure 7.1 Throughput performance of hybrid error control protocols, where CRC
codeword length is 260 symbols and RS codeword length is 256 symbols

7.2 Channel Statistics and Error Measurement

Two basic performance measures of a hybrid-ARQ error-control system are relia-
bility and throughput efficieney. Reliability is determined by the error detecting
code used in the system. The optimum cyclie redundancy codes for error detection
have heen examined in the literature [79). In this chapter we consider error cor-
recting codes only, o order to carry out the system optimization, we need to form
a contposite performanee eriterion which reflects the manner in which each system
patameter influences the whole, Throughput efficiency provides such a possibil-
ity. But the throughput of ARQ or hybrid- ARQ protocols depends on the channel
characteristics, As shown in Figure 7.1, the throughput of plain ARQ and type-
I hybrid-ARQ is related to the channel bit error probability. Without involving
channel error statistics, we cannot tell whether type-T hybrid-ARQ is better than

plain ARQ or not,

In practice, woe must deal with data {rom the real world, The ervor statistics on
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many real channels ave time-dependent, This leads to che design of adaptive crror
control systems [73]. Bul when real systems are measitred under real operating
conditions in the feld, the errors are found to arrive mostly in bursts, Often adap-
tation of code rates cannot catch up with many shorl burst changes. Therefore,
channel error measurement must be considered in the evaluation of performance
in a practical system,

One parameter used to deseribe the performance of o digital system is the hit
error probability, i.e, the probability of the incorreet reception of a single bif.
Experimentally, the most oflen used parameter is the hit error vate (BIER), This

i defined as [15]

BIR = N./M = N(x/('l'{,/()), (7.1)

where

N, = the number ol bit errors in the time interval £y

N, = the number of transmitted bits in the Ltime inteeval Ly 3 and

ry = the bit rate ol a hinary signal at the point where the measurement is
performed.

Where the error generation process is random and stationary and Lhe errors are
counted in a sufficiently long interval g, equation (7.1) can give an estimate of the
error prohability. The accuracy of the estimate increases as No invreases, [ there
are only a few bit errors in the time interval fy, L., for small M., the meaguring Lime
interval 1o becomes inordinately large if N, is Lo be sulliciently targe for reasonally
good estimation. However, practical requirements on the moeasuring time interval
usually limit the values which can be oblained for N, 1 minimwn aeeoptable
value of N, scems to he about 10, in which cage the true error probability is
contained in a range equal to £50 percent of No/N, with a conflidence coefllicient
of 90 percent [105)].

For the purpose ol system design and production testing, ercor performance

measurement is tested under out-of-service conditions, i.e. a digital transmission
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link is taken out of revenue or monitoring service. The test is done by inserting
a test patteen into the input of the link, which simulates the normal traffic data
stream. The outpul of the link is compared bit by bit with a locally generated
erroi-tree reference pattern in an ervor detector. The test pattern is usually a
pseudo-random hinary sequence which has a repetition period of 2" — 1 generated
by a shilt-register cireuit. To reliably measure the inter-symbol interference effects,
the register length n should be greater than, or equal to, the number of pulses
which are affected by the channel response to a single pulse. As this requirement
depends on characteristies of the transmission channel which are often unknown,
a conservalive value of 1 is usually chosen. To check the suitability of the test
soquence, the error rates observed with different register lengths can be compared.

One method to obtain the BER is to use a fixed-length test sequence. Bit
grror rate measurement is performed according to the scheme in Figure 7.2. The
generator pi’(’)(ll‘l(‘ s a test sequence of » bits. After transmissian through the com-
municatlion channel the test sequence is received at the receiver. Comparing the
received sequence and the locally generated test sequence (which are synchronized)
we find the number of crrors k. The ratio k/r is the bit error rate which is shown
on the display of the measuring device.

Consider the resulls of a BER measureszent taking the following form:

BER between 1077 and 107 for 2y percent of the time;
BISR between 1078 and 1078 {or aq percent of the time;
BER between 1075 and 1071 {or a3 percent of the time;

BER between 10~ and 107% for 24 percent of the lime;
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Pigure 7.3: The results of a typical bit error rate measurement

BER between 1073 and 1072 lor a5 percent of the time;
BER between 1072 and 10" for @g percent of the Lime;

BER within other ranges for 0 percent of the time.

Clearly, we have ,‘_4 w; = 1. An example of the possible measurement. resulls
of the BER, which may reflect daily BER fluctuations of a telephone trunk [107],
is as follows:

z(10~ ) = 0.03; 2(107%5) = 0.1; 2(107%) = 0.38; (1075 == 0.2;
2(107%) = 0.1; #(107"%) = 0.07; 2(10™) = 0.03; «(10~*F) = 0.01;
2(10 ) 0.0 w(10-25) = 0.01; 2(10-2) = 0.02; a(107"5) = 0.01;
z(other ranges) = (.
Here z(10~7) is the percent. of the time that the BER is between 107725 and 10075,

and so on. The results of Whis typical BER measurement are shown in Figure 7.3
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7.3 Performance Criteria for Optimization

Leb us introduce a new performance criterion called overall throughput 7, defined

as follows;

1
n= [ elmnin) d, (7.2

where gy, is the channel bit error probability, w(ps) is the bit error probability
donsity function, and n(p) is the throughput density funclion. In order to make
the optimization numerically tractable, the following definition in discrete form is

tsed:

o = D w(pui)n(pui). (7.3)

1

Compared with the conventional definition of throughput efficiency, which is
a function of channel bil error rate, the overall throughput provides a better de-
seription of a system for the purposes of evaluation of a real hybrid error control
system.

Based on the definition ol overall throughput, the performatice optimization

problem of any Lype of error control protocol is of the form:

mavimize Y a(pu)n(py). (7.4)

i
The objective of any oplimization exercise is to select a vector of system param-
cbers Y= [yy, Y2, ooy Y] 0 such a way that some measure of system quality Q(Y') is
optimized. Overall throughput , provides such a proper measure of system quality
for ARQ or hybrid-ARQ protocols. In the following seclion, numerical optimiza-

tion determines the optimum gystem parameters for any real channel condition
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which is obtained by the BER measuring method deseribed above, We call it a
pragmatic approach since the results are based on the practical BER measurement.

The performance of hybrid-ARQ protocols, as well as any of the possible vari:
ations, is governed by the interrclationship between several key parameters, in
cluding error rate, data rate, channel propagation delay, block length, required

throughput cfficiency, and ervor correcting capability of the code used,

7.4 Optimum Overall Throughput

7.4.1 Design of Hybrid Error Control with BCIH Codes

We denote the bit error rale as py, the data rate as 12y, the propagation delay as T),
and the block length as n+ h, where h is the block overhead used for the purpose of
error-detection, block synchronizaiion, and other necessary control funetions, and
n is the length of the t-error-correcting inner code in a Lype-1 hybrid-ARQ protocol.
For given values of Ry, 1}, and h, and the channel bit error rate measurement, the
optimization problem is to find optimal values for n and ¢ which maximize the
overall throughput with the least implementation complexity,

The inner code of the type-l ARQ protocol uses a binary BCIH code with the

following parameloers:

code lengil ne=2" 1
nuraber of parity-check digits:  n—k <mi ;

minimum distance: ypin 2 2041 .

This code is capable of correcting any combination of ¢ or fewer errors in a received
codeword. The BCIL codes are defined by the generator polynomial g(X) which is
specified in terms of its roots [rom the Galois field (//(2™) [12]. In order to carry
out the numerical computalion, we have to change the inequalities in the above
definition to cqualilics, Fortunately, for systems with reasonable implementation

complexity, we are restricted to small values of { (e.g., less than 10), By doing o
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computer search, it can he found that for n = 511 or greater, n = 2™ — 1 and
n -k = ml as jong as L < 16, In practice, the maximum throughput normally
oceurs with o greater than 511,

The hybrid error control can be implemented using various protocols. If the
(BN protocol is used, the last N blocks in the buffer are retransmitted when one
retransmission is requested. The throughput of a GBN protocol can be found as

{ollows:

n 1Dy )
"= (n + /z,> 14 (a—1)Py’ (7.5)

where the block error probability Py is

Py =1~ (1 —p)"th, (7.6)

and the parameter « is the round-trip delay in blocks. In the following, if we
assume thal the decoder processing time is equal to the (ransmission period of
three blocks, then o = 3 + 27, Ry/(n + k) [118].

Il & selective-repeat protoco! is used, only the block identified as being in error

is relransmitted, The throughput is

1= (g25)0- 2

where Py is given by equation (7.6).
By using the above formulas, it is easy to show that a go-back-N type-I hybrid-

ARQ protocol with BCIL codes has a throughput given by

o (n—ml 1—-Pg
= ( n-+h ) 14 (a~— NPy (7.8)
where P is
; ,
PR oy YRR n+h D01 e Y1Rh=i
Pry=1 =1 ~m) 2( ; >m(l ) T (7.9)
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If the sclective-repeat protocol is used in a type-Thybrid-ARQ, then the through-

put can be found as

n -—mi) A
n=|——} (1= "y .10
! ( n-h ( ) (7.10)
where Pg is given by equation (7.9).
The numerical optimization is carried out by

MARINEZC Z x(poi) n(ny b, pui| given Ry, by Ty) (7.11)

3
subjecel tos > 063 and L <12,

where the system constraints are determined by implementalion complexity issues
as well as throughput efficiency. Ifrom the engineering point ol view, il is necessary
to find the maximum overall throughput® with hoth n and ¢ as small as possible,
With system constraints, only a local maximum may be found,

For the optitmization problem addressed, it is diflicult to use the well-known
nonlinear optimization algorithms such as the Fleteher-Recves Method [T2], sinee
line search steps may not he determined in this case,  Actually, based on the
knowledge related to the problem, we find only limited computation is required (o
obtain the optimum result.

Our computation results are hased on the assumptions that the feedback chan-
nel is noiscless, a Lypical satellite link is used which has a propagation delay
T, = 250 ms and the ervor statistics measurement, vesults given in section 7.2,
the block overhiead i is 48 bits, and the data vate 12, s 4800 bps,

Some ol the computation results are shown in Table 7.1 and Table 7.2, In order
to locate the optimuni point, the contour lines of the overall throughpat with a
GBN protocol are plolted in Figure 7.4,

We sce in the . itour plot that there exists a local maximum poinl, (n =

4095, ¢ = 8), so thal the optimum block length of a type-I hybrid-ARQ is about.
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Tabla 7.1: Computation results of overall throughput for GBN with BCH codes

Overall Throughput

f,==() 2 4 6 8 10 12 14
n=63 | 0.5161 04476 0.3474 0.2417 0.1349 0.0270 0.0811 0.1892
127 10,6582 0.6264 0,5562 0.4811 0.4030 0.3248 0.2456 0.1657
255 1 0.7597 0.7612 0.7178 0.6726 0.6239 0.5725 0.5211 0.4700
5111 0.8186  0.8449 0.8236 0.7965 0.7699 0.7431 0.7133 0.6820
1023 1 0.8443  0.3865 0.8836 0.8703 0.8548 0.8386 0.8234 0.8092
2047 | 0.8463  0.9001 09102 0.9088 0.9019 0.8946 0.8861 0.8767
4005 | 0.8303  0.9020 09099 0.9190 0.9236 0.9214 0,9172 0.9133
8191 | 07977 0.8994  0,9067 0.9096 0.9139 0.9211 0.9279 0.9306
16383 | 0.7469 0.8882 11,9037 0.9072 0.9091 0.9098 0.9102 0.9116

Table 7,2: Computation results of overall throughput for S-R with BCI codes

Overall Throughput

=0 3 ] 6 3 0 12 14
=03 | 0.5107 01551 0.3508 0.2431 0.1351 0.0270 0.0811 0.1892
127 1 06974 0.6361 0.5617 0.4841 0.4053 0.3256 0.2457 0.1657
255 | 0.8005 0,7710 07261 0.6760 0.6264 0.5755 0.5239 0.4717
511108584 0.8530 0.8208 0.8040 0.7758 0.7454 0.71dd  0.6834
1023 | 0.8822  0.8087 0.8881 0.8733 0.8585 0.8445 0.8300 0.8142 ||
2047 | 0.8819 00045 0.9175 0.9123 0.9050 0.8963 0.8869 0.8777
4005 | 0.8750  0.9100  0.0221 0.9275 09265 0.9233 0.9198 0.9163
8191 | 0.8564 09057 09110 0.9170 0.9250 09311 0.9333 0.9324
16383 | 0.8230 0,8080 09075 0.9100 09100 0.9118 0.9144 0.919" |
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twice the length of a plain ARQ [97]. In general, there may exist more local max-
i points if we let noand ¢ become large simultaneously without considering
the implementation complexity. Therefore, what we found by our contour plotting
are those local maximum points associated with the least complex system. The
contour plot of the overall throughput for the SR-based protocol is shown in Fig-
ure 7.5, where a data rate of Ry = 4800 bps is also assumed. Similar results can

he obtained for other data rates.

7.4.2 Design of Hybrid Error Control with RS Codes

For data communications over noisy channels such as a land mobile radio channel,
the error correction capability of BCI codes is not enough to provide data transfer
with high reliability and low time delay. A type-I hybrid error control protocol
based on RS codes lor an interleaved land mobile radio channel has been recently
proposed and analyzed in [113]. Tt was shown that the protocol using RS codes
an provide high-speed and high-reliability for voiceband data communications.
[Towever, whether or not the optimum overall throughput points can also be found
for hybrid ertor control with RS codes is unknown and will be investigated in this
seclion,

In practice, when a hybrid error control protocol is to be integrated in a data
transmission system, extra overhead bits must be introduced to meet certain stan-
dard format. These overhead bits may include the counter, address, control and
synchronization bits [96]. Thercfore, we consider the case in which RS codes are
used in a type-I hybrid ervor control protocol with extra overhead bits added. A
seleetive-repeal protocol and an interleaved channel are assumed. The RS code
in the protocol is used to correct the maximum number of symbol errors which
are within the capability of the code. Error detection is performed by a CRC-
16 or CRC-32 code which is concatenated with the RS code. Codeword symbols
arc lransniitted in biteserial lormat as described in Chapter 6. The noisy channel

representing a mobile link is assumed to have the BER measurement shown in
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Figure 7.6: The results of a BER measurement for a noisy channel

PFigure 7.6.
Let & be the number of overhead symbols in an RS codeword reserved for CRC!
bits. When each block contains only ene codeword, the throughput formula for

the SR type-1 hybrid-ARQ protocol can be written as

N o 2~ ,
Ngpet = (Pop 4+ Prep) (-—-~;'—~*-~M> . (7.12)

Now consider the more general case where eaclt block containg 13 codewords,
Let hg be the number of overhiead symbols in a block reserved for the counter,
address, control and synchronization. The block overhead is assumed Lo be sep-
arately coded and the block retransmissions due to overhead errors will not be

considered. The probability of block retransmission is thus

Pyock = P+ (1 = Pup)Pup + (L= Pep)Pun o+ (1~ Pup)? P

i

L=(l~ Pup)? = 1= (Pop + Pro)”. (7.13)
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The systam throughput based on block transmissions can then be found as

B(n—2L—-h)
Bn+hp

Nlack = (1 - Pblack) ‘ (

(7.14)

B(n—2t~ |
= (-PG'D + P[C-‘D)B ) < u) .

T Bn + hpg

Under the ideal interleaving assumption, the channel bit error probability is

related to the RS codeword symbol error probability by

py =1 = (1 —pp)™. (7.15)

The overall throughput of the type-I hybrid-ARQ protocol for the given BER

measurement can then he numerically found by

o = Y &{Di) Motock (Pi): (7.16)
i
The goal of system design in this case is to determine the error correction
capability of the RS code (1) and the number of codewords contained in a block
(13), given the selected codeword length and overlicad parameters. That is

i ze Z & (P0i) Motock ( By by pui| gtvenny hy hg). (7.17)

s

In the lollowing, it is assumed that a (64,k) RS code is being used for error
correction. Bach codeword symbol contaiu 6 hits. Suppese that a CRC-16 code is
used for error detection, and the block overhead is 16 symbols. The computation
results for overall throughput are shown in Table 7.3, The contour plot and the
3-dimensional overall throughput surface are shown in Pigure 7.7 and Figuve 7.8,

eespectively.
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Table 7.3: Computation results of overall throughput for 8-R with RS codes

Overall Throughput

B= 2 3 4 ] 6 7 8

0.0388 0.0139 0.0055 0.0024 0.001L 0.0005 0.0003 0.0001
0,7316 0.8018 0.8213 0.8260 0.8245 0.8199 0.8131 0.8059
0.4063 0.2773 0.1945 0.1471 0.1195 0.1023 0.0008 0.0825
0.2363 0.1568 0.1333 0.1236 0.1172 0.1119 0.1072  0.1029
0.2054 0.1582 0.1452 0.1396 0.1361 0.1334  0.1310  0.1288
0.2208 0.1797 0.1611 0.1526 0.1479 0.1450  0.14310  0.141L7
0.2697 0.2128 0.1853 0.1709 0.1623 0.1567 0.1528  0,1499
03111 0.2546 0.2202 0.1994 0.1861 0.,1770 0.1703  0.1651
0.3480  0.2999 0.2635 0.2381  0.2202  0.207%  0.1977  0.1902
9103769 0.3428 03094  0.2837 02635 02475  0.2347 0,225
10 [ 0.3964  0.3770 0.3508 0.3285 0.3098  0.2039  0.2803  0.2684
1L} 0.4064 04015 0.3828 0.3652  0.3499  0.3367  0.3250 03144
12 104079 041585 04041 0.3910 0.3790 0.3685 0.3592  0.3509
13 10,4022 04198 04152 04066 03976 04891 0.3815  0.3746
14 10.3908 0.4155 044167 0.4125 0.4067 04006 0.3946  0.3890
15 1 0.3752  0.4042  0.4097 0.4092 0.4066 0.4031 0.3992  0.3953
16 | 0.3564 0.3876  0.3958 03979 0.3977 0.3961 0.3946  0.3925
17 10.3354 02673 0.3769 0.3805 0.3818 0.3820 0.3815  0.3808
18103130 03444 0.3547  0.3591 03611  0.3621  0.3624  0.3624
191 0.2896  0.3197 03302 0.3350 0.3374  0.3388  0.3395  0.3309

O W N =D

o

Based on these numerical results, we can see that the maximum overall through-
put is achieved al. { = 1. Tlowever, this conclusion ig not justificd heeause the mea
surement data lor the noisy channel clearly shows that most of time the ehannel

will cause more than one codeword symbol error. Whal is wrong

7.4.3 Modified Throughput and More Numerical Results

Recall that in the throughput formula (7.14), both the probability of correct decod-
ing Pep and the probability ol incorrect decoding Prepy contribite to the numerical
value of throughput., When the channel is very noisy, the value of Pren would be
much larger than the value of Pep. The optimum parameters thus found to pro-

vide the maximuin overall throughput will not make any sense in practice becanse
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IMigure 7.7 Contour plot of overall throughput (CRC-16 and 16 symbols overhead)
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most information symbols received are in ervor. In other words, we musl modily
the definition of throughput in order to carry out justified numerical optimization.

Therefore, we modify the throughput definition as

, average no, of information symbols correctly received per unit time (7.18)
- - - - - e 3 = ﬁﬁﬂd'}-’[”n. " v
total no. of symbols that could b transmitted per unit time

Based on this definition, the modified (nverall) throughput is the overall through
put excluding the contribution of the probability of incorrectly decoding, Under

the definition of modified throughput, the throughput formulas should bhe written
as

72— .
Niywet = Pep ( — ) : (7.19)
and
o B(n =21~ h )
Mitock = /’c':jr) ' (Wf» . (7.20)

For the previous example with the same data, the computation resnlts for
the modified throughput are shown in Table 7.4, The contour plol and the 3
dimensional modified throughput surface are shown in IMigure 7.9 and Figure 7,10,
respectively. The parameters which result in the maximum madified throughput
can be found at 1 = 13 and B = 2. The same vulues of [ and 3 were found Lo
achieve the local maximum for the overall throughput.

As comparisons, we have also obtained numerical tesulle for cases with different
given parameters. The contour plots based on the computation results for the
modified throughput in these other cases are shown in Mgures 7,11 Lo 7,15, From
these contour plots, it can be seen that the optimum parameters can be determined

by the local maximum point in the contour plots, Notice that when bloek overheard
. ]
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Table 7.4: Cer

Modified Throughput

bs=1

9

“

3

4

5

6

7

8

I
S

KN

-

[

12
13
14
I§)
16
17
18
19

0.0388
0.0863
0.1241
0.1555
0.1887
0.2272
0.2691
0.3111
0.3480
0.37G9
0.3964
0.4064
0.4079
0.4022
0.3908
0.3752
0.3564
0.3354
0.3130
0.2896

0.0139
0,058
0.1027
().1322

0.1538
0. I rb‘u

0.0055
0.0-106
0.0891
0.1237
0.1434
0.1607
0,1852
0.2202
0.2635
0.3094
0.3508
0.3828
0.4041
0.4152
01167
0.1097
0.3958
0.3769
0.3647
0.33()?.

0.0024
0.0293
0.0780
0.1173
0.1385
0.1523
0.1709
0.1994
0.2381
0.2837
0.3285
0.3652
0.3910
0.4066
0.4125
0.4092
0.3979
0.3805
0.3591
0.3350

0.0011
0.0218
0.0687
0.1116
0.1353
0.1478
0.1623
0.1861
0.2202
0.2635
0.3098
0.3499
0,3790
0.3976
0.4067
0.4066
0.3977
0.3818
0.3611
0.3374

0.0005
0.0166
0.0610
0.1063
0.1327
0.1450
0.1567
0.1770
0.2073
0.2475
0.2939
0.3367
0.3685
0.3891
0.4006
0.4031
0.3964
0.3820
0.3621
0.3388

0.0003
0.0129
0.0546
0.1015
0.1303
0.1430
0.1527
0.1703
0.1977
0.2347
(.2803
0.3250
0.3592
0.3815
0.3946
0.3992
0.3946
0.3815
0.3624
0.3395

0.0001
0.0102
0.0492
0.0970
0.1281
0.1416
0.1499
0.1651
0.1902
0.2745
0.2684
0.3144
0.3509
0.3746
0.3890
0.3953
0.3925
0.3808
0.3624
0.3399
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aputation results of modified throughput for S-R with RS codes
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Figure 7.9: Contour plot of modified throughput (CRC-16 and 16 symbols over
head)
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[Migure 7.11: Contour plot of modified throughput (CRC-16 and 8 symbols over-
hiead)

is small, say 8§ symbols, the optimum design is achieved by assigning a single

codeword to a hlock instead of using multi-codewerd blocks.

7.5 Summary

T'he choice of error-control techriques and code parameters is primarily based on
the channel characteristics. In thie chapter, a pragmatic approach to the design of
an eptimum type-1 hybrid error control protccol with a BCH code or an RS code is
proposed by introducing the overall throughput and modified throughput as system
performance measures, These quantities are based on real channel measurements.
Ihe method can also be used to carry out numerical optimization of type-II hybrid-
ARQ protocols if necessary. It has been shown that the proposed method has great
significance in practical system design, since it improves the overall throughput

efficieney with minimal implementation complexity.
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IMigure 7.12: Contour plot of modified throughput (CRC-16 and 32 symbols over
head)
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Figure 7.13: Contour plot of modified throughput (GRC-32 and 16 symbols over-
head)
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[Migure 7.14: Contour plot of modified throughput (CRC-32 and 8 symbols over-
hiead)
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Chapter 8

Conclusions and Further
Research

8.1 Summary of the Dissertation

For noisy channels, simple ARQ-based crror control techniques fail to provide high
speed reliable communications. Advanced hybrid error control teeliniques mast he
considered in order to achieve real-time communications over noisy channels, We
have investigated the five major performance issues (delay, packel loss probability,
coding gain, overall throughput and modified throughput) of hybrid ereor control
techniques. By proper design of hybrid error control protocols, we have shown
that performance improvement can be achieved with reduced delay and system
complexity. |

Throughput and reliability are by far the most extensively nsed performanee
measures for hybrid error control systems. However, throughput and reliability
only may not provide sullicient tools to evaluate system performance for many
power- and delay-limited applications. To compare the performance of variots
ervor control coding systems on a common basis, we have developed or extended

three unified evaluation methods:
1. Imbedded Markov chain method;

2. Ueneralized coding gain method;
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3. Modiiied overall throughput method.

These unified methods will form the fundamental basis for performance evalu-
alion of other existing or new hybrid error control coding techniques.

To the best of our knowledge, this is the first time that the idea of matched-
rate error control coding using feedback transmissions has been presented and
hvestigated, The dynamic adaptation of error correction coding using fast channel
estimation methods such as feedback transmissions secems to have opened a rich

research area,

8.2 Suggestions for Future Work

The emphasis of this work has been given to the performance aspects of hybrid
error conlrol systems using BCIH or Reed-Solomon codes. This was partly be-
cause analytic rolulions can often be obtained for thee codes so that cur atten-
tion could be directed to the more fundamental issues. Our eflorts in developing
unified performance evaluation methods and showing the substantial performance
improvements obtained by using the proposed hybrid error control techniques con-
stittitod the major portion of this work, In our opinion, this research can be further

continued in the following directions:

o investigating the delay-related performance characteristics of hybrid-ARQ
ercor conbrol protocols with punctured convolutional codes [44] using the

niethods developed in this dissertation.

e cgploring the possible performance improvement offered by the proposed
matched-rale adaplive error control protocol under other nonstationary char-

nels and mobile fading channels.

o implementing the poposed hybrid error control strategies based on industrial

standards such as CCI'T'T V.42 error-control architecture. The resulting
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products could be directly applicable to digital mobile cellnlar networks and

mobile satellite communications.

8.3 Concluding Remarks

ybrid error control coding has been a very active arex of research in recent yoars,
A large amount of literature is now available on hybrid crrov control and ifts applica-
tions. We have included a bibliography for further reference, More comprehensive
lists of references are available in [9] [13] [68].

Error control coding has been used extensively in digital communication sys
tems because of its cost-cffectiveness in achieving eflicient, veliable digital transniis
sion, Coding now plays an important role in the design of modern communication
systems. Over the past ten years, VLSI technology has reduced the cost of cad
ing systems by many orders of magnitude, Future generations of teclhmology are
expected to continue this trend. Indeed, more complicated hybrid error control

schemes will certainly become an economic necessity,
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List of Symbols

(!
ceil(a)
d
D,
Iy
dis(N,N¥)
19,
erfe(x)
I
i
To(*)
Ny
yul
Ds
P(=)
Iy
Py
I
Pep
K

e

P
Prp
Prety
[ﬁnsa ‘

Channel capacity

The smallest integer which is equal to or greater than o
Minirmum Hamming distance of a lincar block code
Blo k delay (queucing delay)

Transmission delay

Hamming distance between block N and block N*

The received eneegy per signal bit

- Complementary error function

Number of overhead bits or symbols
intropy of an information source
Modified Bessel function of zeroth order
Oneasided noise spectral density

B3it, ervor probability

- Symbol error probability

Probability generating function

Average hit error probability

Block error probability

Probability that a received block contains no errvor

Probability of correct decoding

Probability that a received block contains an uncorrectable

hut detectable crror

Probabhility that a received block contains an undstectable crror

- Probability of block retransmission

Probability ol error detection
Probability of incorrect decoding
Probability of packet loss
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Pr(E) - Decoding error probability (protocol reliability)
Ry ~ Transmission data rate

t — Code error correction capability (namber of correctable errors)
T, = Receiver acknowledgment time

Ty <« Channel one-way propagation delay

(N) = Unift step funetion

o - ACK failure probability

~ -~ Nonselective fading envelope

[(m) - Gamma function of m

n = Throughput

n' - Modified throughput

o — Overall throughput

7, - Modified overall throughput

A Data arrival rate of a Poisson procesy

I < Transmission cfliciency

I ~ Matehing percentage

p - System load




Appendix B

List of Abbreviations

ACTK
ARQ
AT DM
AWUN
B

B
bps
BAC
(IR
B3
DM
DPSK
e
(/3N
(' (q)
HDLC
MG

MDS

ms
NAK
PSK
ns

Sa
SNR

Acknowledgment

“Automatic repeat request

Asynchronous time-division multiplexing

Additive white Gaussian noise
Bose-Chaudhuri-Hocquenghem codes (a class of linear
hlock codes)

Channel hil, ervor rate

Bit per second

Binary sytumetric channel

Cyelie redundancy check

Decibels

Discrete memoryless channel

Binary diflerential phase shift keying modulation
Forward error correction

Go-back-N

Cralois field of ¢ clements

Migh data link control standard

A queneing model with Poisson arrival, generval service
and a single seryer

A class of linear block codes with maximum separable
distance

Millisecond

- Negalive acknowledgment

Phase shifl. keying modulation
Reed-Solomon codes (a class of MDS codes)
Stop-and-wait

Signal-to-noise ratio

160
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SR -~ Selective-repeat

TND <= Total number of blocks

TNBE - Total number of blocks in error

type — T Tiyliid error control with fixed code rate

type — I1 - Hybrid ervor control with variable code rate
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