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Preface

This book will address the subject of broadband communications using orthogonal frequency
division multiplexing (OFDM). OFDM is a special case of multicarrier modulation (MCM),
which is the principle of transmitting data by dividing the stream into several parallel bit streams
and modulating each of these data stream onto individual carriers or subcarriers. Although the
origin of MCM dates back to the 1950s and early 1960s with military high frequency (HF) radio
links, R.W. Chang in the mid 60s first published a paper demonstrating the concept we today call
OFDM. Chang demonstrated the principle of transmission of multiple messages simultaneously
through a linear band-limited channel without interchannel interference (ICI) and intersymbol
interference (ISI). The multichannel or OFDM system developed by Chang differed from tradi-
tional MCM in that the spectra of the subcarriers were allowed to overlap under the restriction
they were all mutually orthogonal. This characteristic of OFDM systems required the abandon-
ment of steep bandpass filters used in older MCM systems to separate the spectra of the individ-
ual subcarriers.

Weinsten and Ebert were the first to suggest using the discrete Fourier Transform (DFT) and
inverse discrete Fourier Transform (IDFT) to perform baseband modulation and demodulation in
1971. Currently, OFDM systems utilize the Fast Fourier Transform (FFT) and Inverse FFT to
perform modulating and demodulating of the information data. Saltzberg performed a perfor-
mance analysis of OFDM, shortly after Chang published his paper, and concluded that the domi-
nate impairment in OFDM is ICI. To combat ICI and ISI, Peled and Ruiz introduced the concept
of a cyclic prefix (CP). Rather than using an empty guard space, a cyclic extension of the OFDM
symbol is used instead. This effectively simulates a channel performing circular convolution as
long as the CP is longer than the impulse response of the channel. The penalty of using a CP is
loss of signal energy proportional to the length of the CP, yet the benefits of using a CP generally
outweighs any loss of signal energy.

Presently, OFDM appears in several standards relating to wireless communications at high data
rates such as terrestrial digital audio broadcasting (DAB) and digital video broadcasting
(DVB-T) in Europe. Presumably, one of the reasons OFDM was chosen as the DAB standard is
that it is possible to deploy single frequency subnetworks within its main networks. Hence, main
and relay broadcast transmitters may use the same set of subcarriers. In areas with reception from
multiple transmitters, receive diversity gains are experienced. Based on coded OFDM, DVB-T is
the youngest and most sophisticated of the three core DVB systems. Combining channel coding
with OFDM permits reliable transmission over dispersing channels. Furthermore, the inherent
structure of OFDM allows for flexible transmission rates.

Finally, WLAN, the main subject of this book, is another application for OFDM technology. For
instance, next generation wireless LAN standards such as IEEE 802.11a, High Performance
Local Area Network type 2 (HiperLAN/2), and Mobile Multimedia Access Communication



(MMAC) system have accepted OFDM as their physical layer specifications. These WLAN sys-
tems also incorporate coding with OFDM to combat dispersing channels. It has been shown that
coded OFDM modulation over modest dispersing channels can improve, rather than deteriorate,
the reliability of the transmission. This interesting counterintuitive phenomenon can be attributed
to the inherent frequency diversity provided by OFDM. Arguably, this characteristic is the most

attractive feature of OFDM.

Interactive Learning

Clearly with the growing in interest in OFDM for high data rate wireless communications, in par-
ticular WLANSs, there is a need in the technical community for a book that reviews the subject of
OFDM WLANS. Typically, this is accomplished in a classroom setting. Unfortunately, many
engineers and scientists today cannot afford the time required to attend classes at a university.
What is needed is a tool to allow each reader to learn each of the concepts presented in the chap-
ters at his/her own pace. We have provided that by means of an interactive simulation environ-
ment. Please visit our Web site at http://www.samspublishing.com and search for the OFDM
book. More specifically, the site contains a complete OFDM WLAN physical layer simulation
developed in MATLAB. We developed the simulation tool to illustrate the concepts discussed in
Chapters 2-5.

To aid in the learning process, exercises are provided in each of these chapters. The exercises
require the use of the OFDM system simulation tool and the simple programs you develop. Most
of the examples given in this book are reproducible with the simulation program. The OFDM
system simulation is executed through a graphical user interface (GU]I) to facilitate system recon-
figurability. The GUI is called from the MATLAB command window, which allows users to test
quickly and easily many of the concepts in this book with a few clicks of the mouse. The novice
and expert alike will thoroughly enjoy the endless combinations of test conditions available to
them. With this learning tool, readers can further improve their understanding of the concepts
presented in this book. In addition, readers interested in testing their algorithms over a WLAN
environment will save months of software development time by using the simulation program
located at our Web site.

Intended Audience

The primary audiences for this book are engineers and scientists without prior knowledge of
OFDM. In the development of the text, we consider our primary audience to fall within two
broad categories of readers: novice and advanced. For the novice, we envision someone with a
background in engineering, mathematics, and some knowledge of communication theory. For
that audience, this book provides the basics of OFDM theory with many examples and illustra-
tions demonstrating concepts. An example novice reader might be a researcher in digital image
processing, who is in interested in understanding what effects does an OFDM WLAN network



might have on the quality of the video. Another example of the novice reader could be a radio fre-
quency (RF) engineer, who is interested in the additional requirements imposed by OFDM mod-
ulation on the RF subsystems in the access point (AP) and mobile terminal (MT).

An example of an advanced reader is an engineer or scientist familiar with basic OFDM con-
cepts. For those individuals, this book is intended as a source for practical guidelines as well as
introductory material of advanced research topics in OFDM.

The secondary audiences for this book include individuals, such as network system engineers,
product engineers, or managers, for whom some of the mathematical development presented in
this text is slightly beyond their scope of understanding. For those individuals, explanatory text is
provided throughout this book to give an intuitive feel of many of the concepts discussed.

It is assumed that the all audiences have a background in calculus, physics, and random and sto-
chastic processes. Thus, the majority of the text in this book is written at the undergraduate level,
with the exception of the advanced research topics, which are written at the first-year graduate
level. In addition, the reader will be provided in each chapter all the relevant mathematical foun-
dations necessary to understand the OFDM principles discussed. As mentioned earlier, explana-
tory text is also given to provide a better understanding of these OFDM principles from the
mathematical expressions.

A final point concerning the audience: to reap the fullest benefit of this book, it is advantageous
to the reader to become proficient in the use of MATLAB.

We expect this book to attract a broad range of readers, as it is written to do so. Certainly, no
book can be all things to everyone. However, no matter your interest level in OFDM WLANSs,
this book has some insight to offer.

Organization of this Book

This book is organized as follows. Chapter 1, “Background and WLAN Overview,” is dedicated
to background material as well as an overview of OFDM WLANs. The background material cov-
ers relevant concepts in digital signal and stochastic processing. It expected that readers will refer
to this chapter as needed to understand the concepts in latter chapters. Chapters 25 focus on

the physical layer specifications of OFDM WLAN. Chapter 2, “Synchronization,” provides a
detailed discussion of many of the popular synchronization algorithms used in OFDM networks.
Specifically, timing synchronization algorithms, which include packet detection, symbol timing
recovery, and sample clock tracking, are covered. Also covered are frequency, channel estima-
tion, and clear channel assessment (CCA) algorithms. Chapter 3, “Modulation and Coding,” pro-
vides a brief overview of modulation and coding techniques. In particular, the phase-shift keying
(PSK) and quadrature amplitude modulations (QAM) found in OFDM WLAN standards are cov-
ered. With respect of channel coding, discussions on block and convolutional codes are provided.
Performance evaluation of several operational modes of the IEEE 802.11a physical specification



are given. Chapter 3 can be thought of as the central theme or key technology area of current
OFDM WLAN systems.

Chapter 4, “Antenna Diversity,” is dedicated to the central theme or key technology area of future
OFDM WLAN, antenna diversity. Several popular transmit and receive diversity schemes are
discussed in their context to OFDM systems. Examples show that drastic improvement in error
rate performance is achievable when these techniques are deployed. Chapter 5, “RF Distortion
Analysis for OFDM WLAN:S,” focuses on the system impairments of the OFDM system resulting
from RF nonlinearities. Particularly attention is given to the peak-to-average power (PAPR) prob-
lem present in all OFDM systems. In this chapter, a survey of the more popular techniques to
handle this problem is analyzed. In addition, other system impairments such as phase noise and
in-phase and quadrature (IQ) imbalances are covered.

In Chapters 6 and 7, an introduction of the medium access control (MAC) layer is given. Chapter
6, “Medium Access Control (MAC) for IEEE 802.11 Networks,” summarizes the IEEE 802.11a
MAC, while Chapter 7, “Medium Access Control (MAC) for HiperLLAN/2 Networks,” summa-
rizes the HiperLAN/2 MAC. Both chapter details of the interaction between the MAC layer and
the physical layer.

Interestingly, a major criticism of OFDM has been the complexity issues associated with real-
time implementation of the FFT and IFFT. However, steady improvements in semiconductor
process technology has allowed for real-time prototyping of OFDM systems with Field
Programmable Gate Array (FPGA) technology and cost effective solutions with Application
Specific Integrated Circuit (ASIC) technology. Chapter 8, “Rapid Prototying of WLANSs Using
FPGA,” is dedicated to the issues associated with real-time prototyping of an IEEE 802.11a radio
using FPGA technology.



About the Authors

John Terry, Ph.D., is a senior research engineer at Nokia Research Center in Dallas, TX. He is
currently managing the OFDM modulation and coding project in the High Speed Access (HSA)
group. Dr. Terry has published several conference and journal papers, given numerous presenta-
tions on wireless communications, and generated six pending patents related to OFDM wireless
LANSs. He has 12 years of experience working in wireless communications, including tenures at
NASA Glen Research Center and Texas Instruments, Inc. In addition, Dr. Terry is the vice-chair
of the IEEE 802.11 Task Group g and serves as a technical reviewer for several conference and

journal publications of the IEEE in wireless communications. Dr. Terry was the recipient of the
2002 Black Engineer of the Year Award for Outstanding Technical Contributions in Industy.

Juha Heiskala is a senior research engineer at Nokia Research Center in Dallas, TX. He is active
in the IEEE 802.11 standards bodies and has been tasked with developing the 802.11a system
simulation on several software platforms. He is the inventor/co-inventor of three pending patents
in the area of OFDM LANs and co-designed with Dr. John Terry the modulation and coding
scheme for achieving 100 Mbps speeds within currently allocated bandwidth specifications for
OFDM wireless LANS.



About the Technical Editors

Douglas Williams received B.S.E.E., M.S., and Ph.D. degrees in electrical and computer engi-
neering from Rice University, Houston, Texas, in 1984, 1987, and 1989, respectively. In 1989, he
joined the faculty of the School of Electrical and Computer Engineering at the Georgia Institute
of Technology, Atlanta, Georgia, where he is currently an Associate Professor. There he is also
affiliated with the Center for Signal and Image Processing and teaches courses in signal process-
ing and telecommunications. Dr. Williams has served as an Associate Editor of the IEEE Trans-
actions on Signal Processing and is a member of the IEEE Signal Processing Society’s Signal
Processing Theory and Methods technical committee. He was co-editor of the Digital Signal Pro-
cessing Handbook published in 1998 by CRC Press and IEEE Press. Dr. Williams is a member of
the Tau Beta Pi, Eta Kappa Nu, and Phi Beta Kappa honor societies.

Anthony Reid received his B.S.E.E. (cum laude), from Rensselaer Polytechnic Institute, Troy,
New York, M.S.E.E., from Stanford University, Palo Alto, California and Ph.D., from Southern
Methodist University (S.M.U.), Dallas, Texas. Dr. Reid is currently a Principal Research Scientist
at Nokia Research Center doing applied research in modulation, coding and equalization for 3-G
(third generation) wireless systems. He also worked at Nortel Networks on Advanced Network
Architectures for 3-G wireless networks. Before joining Nortel and Nokia, Tony was an Engi-
neering Fellow and Branch Manager of Advanced Signal Processing in the Systems Technology
Center in Raytheon Systems Corp. (RSC). This group developed broadband communications
systems capability for both military and commercial applications. In the commercial arena capa-
bilities were developed for high-speed SATCOM modems. In the past, this group developed
image and signal processing algorithms for autonomous detection/tracking of military targets in
infrared imagery and radar.



Dedication

To my son Amiel Terry and the fond memory of my grandfather, John D. Terry, both of
whom made it possible for this work to be completed.

—John
To my parents.

—Juha



Acknowledgments

The authors of this book will like to thank the reviewers, Dr. Tony Reid from Nokia Research
Center in Dallas and Prof. Douglas Williams from Georgia Institute of Technology, for their
invaluable comments, which greatly improved the content of this book. Finally, the authors
would like to express their deepest gratitude to Nokia, Inc. for providing the opportunity to work
in this new and exciting area of wireless communications.



Tell Us What You Think!

As the reader of this book, you are our most important critic and commentator. We value your
opinion and want to know what we’re doing right, what we could do better, what areas you’d like
to see us publish in, and any other words of wisdom you’re willing to pass our way.

As an associate publisher for Sams Publishing, I welcome your comments. You can e-mail or
write me directly to let me know what you did or didn’t like about this book—as well as what we
can do to make our books stronger.

Please note that I cannot help you with technical problems related to the topic of this book, and
that due to the high volume of mail I receive, I might not be able to reply to every message.

When you write, please be sure to include this book’s title and author as well as your name and
phone or fax number. I will carefully review your comments and share them with the author and
editors who worked on the book.

Email: feedback@samspublishing.com

Mail: Michael Stephens
Executive Editor
Sams Publishing
800 East 96th Street
Indianapolis, IN 46240 USA









Background and WLAN Overview

CHAPTER 1

Before delving into the details of orthogonal frequency division multiplexing (OFDM), relevant
background material must be presented first. The purpose of this chapter is to provide the neces-
sary building blocks for the development of OFDM principles. Included in this chapter are
reviews of stochastic and random process, discrete-time signals and systems, and the Discrete
Fourier Transform (DFT). Tooled with the necessary mathematical foundation, we proceed with
an overview of digital communication systems and OFDM communication systems. We con-
clude the chapter with summaries of the OFDM wireless LAN standards currently in existence
and a high-level comparison of single carrier systems versus OFDM.

The main objective of a communication system is to convey information over a channel. The sub-
ject of digital communications involves the transmission of information in digital form from one
location to another. The attractiveness of digital communications is the ease with which digital
signals are recovered as compared to their analog counterparts. Analog signals are continuous-
time waveforms and any amount of noise introduced into the signal bandwidth can not be removed
by amplification or filtering. In contrast, digital signals are generated from a finite set of discrete
values; even when noise is present with the signal, it is possible to reliably recover the informa-
tion bit stream exactly. In the sections to follow, brief reviews of stochastic random processes and
discrete-time signal processing are given to facilitate presentation of concepts introduced later.

Review of Stochastic Processes and
Random Variables

The necessity for reviewing the subject of random processes in this text is that many digital com-
munication signals [20, 21, 22, 25] can be characterized by a random or stochastic process. In
general, a signal can be broadly classified as either deterministic or random. Deterministic sig-
nals or waveforms can be known precisely at instant of time, usually expressed as a mathematical
function of time. In constrast, random signals or waveforms always possess a measure of uncer-
tainty in their values at any instant in time since random variables are rules for assigning a real
number for every outcome & of a probabilistic event. In other words, deterministic signals can be
reproduced exactly with repeated measurements and random signals cannot.

A stochastic or random process is a rule of correspondence for assigning to every outcome £to a
function X(z, &), where ¢ denotes time. In other words, a stochastic process is a family of time-
functions that depends on the parameter £. When random variables are observed over very long
periods, certain regularities in their behavior are exhibited. These behaviors are generally
described in terms of probabilities and statistical averages such as the mean, variance, and corre-
lation. Properties of the averages, such as the notion of stationarity and ergodicity, are briefly
introduced in this section.



Background and WLAN Overview

CHAPTER 1

Random Variables

A random variable is a mapping between a discrete or continuous random event and a real num-
ber. The distribution function, Fy(ct), of the random variable, X, is given by

Fo)=Pr(X <) (1.1)
where Pr(X < o) is the probability that the value taken on by the random variable X is less than
or equal to a real number ¢. The distribution function Fy (<) has the following properties:

s 0LF (<=1
.« F@)<F(B)if a<p
e Fy(+e0) =1

Another useful statistical characterization of a random variable is the probability density function
(pdf), fx(cr), defined as

_9
Sfx(o)= 2o Fy (o) (1.2)

Based on properties of Fy(«) and noting the relationship in Equation 1.2, the following proper-
ties of the pdf easily deducted:

* fx(@)=20
o [ (0130 = Fy(es) = Fy(—=) =1
Thus, the pdf is always a nonnegative function with unit area.

Ensemble Averages

In practice, complete statistical characterization of a random variable is rarely available. In many
applications, however, the average or expected value behavior of a random variable is sufficient.
In latter chapters of this book, emphasis is placed on the expected value of a random variable or
function of a random variable. The mean or expected value of a continuous random variable is
defined as

my = E(X} = J”& Fy(@)da 1.3)
and a discrete random variable as

my = E(X} =Y &, P(X = at,) (1.4)
k
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where E{} is called the expected value operator. A very important quantity in communication
systems is the mean squared value of a random variable, X, which is defined as

E{x*} = [ o?fy(@ae 1.5)

for continuous random variables and

E{X*} = o} Pi(X =a) (1.6)
k

for discrete random variables. The mean squared value of a random variables is a measure of the
average power of a random variable. The variance of X is the mean of the second central moment
and defined as

0% = E{(X=my)?} = | (@~ my)? fy(e)er (17

Note a similar definition holds for the variance of discrete random variables by replacing the inte-
gral with a summation. The variance is a measure of the “random” spread of the random variable
X. Another well-cited characteristic of a random X is its standard deviation ¢y, which is defined
as the square root of its variance. One point worth noting is the relationship between the variance
and mean square value of a random variable, i.e.,

ok = E{X* - 2Xmy + m}}
= E{X2} —2E(X}my + m% (1.8)
= E{X*} - m}

In view of Equation 1.8, the variance is simply the difference between the mean square value and
the square of the mean.

Two additional ensemble averages importantance in the study of random variables are the corre-
lation and covariance. Both quantities are expressions of the interdependence of two or more ran-
dom variables to each other. The correlation between complex random variables X and ¥; ryy, is
defined as

rey = E{Xy*} (1.9)

where * denotes the complex conjugate of the complex random variable. A closely related quan-
tity to the correlation of between random variables is their covariance ¢y, which it is defined as
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Cxy = E{[X—mX][Y—mY]*} = E{XY*}—me; (1.10)

Clearly, if either X or Y has zero mean, the covariance is equal to the correlation. The random
variables X and Y need not stem from separate probabilistic events; in fact, X and Y can be sam-
ples of the same event A observed at two different time instants t, and ¢,. For this situation, the
correlation ry, and covariance cy, become the autocorrelation Ry (#,7,) and autocovariance
Cx(1,,1,), respectively, which are defined as

Ry(1,1,) = E{X(t)X" (1)}

(1.1D)
Cx(t1,15) = E{[X(t;) = my (1)DIIX () = my (1,)]"}

Thus, the autocorrelation and autocovariance are measures of the degree to which two time sam-
ples of the same random process are related.

There are many examples of random variables that arise in which one random variable does not
depend on the value of another. Such random variables are said to be statistically independent. A
more precise expression of the meaning of statistical independence is given in the following
definition.

Definition 1 Two random variables X and Y are said to be statistically independent if the joint
probability density function is equal to the product of the individual pdfs, i.e.,

fxy(a,ﬁ)=fx(a)fy(ﬂ) (1.12)

A weaker form of independence occurs when the correlation ry, between two random variables
is equal to the product of their means, i.e.,

rer = E{XY*} = mym} (1.13)
Two random variables that satisfy Equation 1.13 are said to be uncorrelated. Note that since
Cxy = Iyy —MyMy (1.14)

then two random variables X and Y will be uncorrelated if their covariance is zero. Note, statisti-
cally independent random variables are always uncorrelated. The converse, however, is usually
not true in general.

Up to this point, most of the discussions have focused on random variables. In this section, we
focus on random processes. Previously, we stated that a random process is a rule of correspon-
dence for assigning to every outcome £ of a probabilistic event to a function X(¢, ). A collection
of X(z,&) resulting from many outcomes defines an ensemble for X(z, ). Another, more useful,
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definition for a random process is an indexed sequence of random variables. A random process is
said to be stationary in the strict-sense if none of its statistics are affected by a shift in time ori-
gin. In other words, the statistics depend on the length of time it is observed and not when it is
started. Furthermore, a random process is said to be wide-sense stationary (WSS) if its mean and
variance do not vary with a shift in the time origin, i.e.,

my = E{X(k)} = a constant, Vk
and
Ry = (T +k,k) = Ry(7)

Strict-sense stationarity implies wide-sense stationary, but not vice versa. Most random processes
in communication theory are assumed WSS. From a practical view, it is not necessary for a ran-

dom process to be stationary for all time, but only for some observation interval of interest. Note
that the autocorrelation function for a WSS process depends only on time difference 7. For zero

mean WSS processes, Ry (7)indicates the time over which samples of the random process X are
correlated. The autocorrelation of WSS processes has the following properties:

* Ry(7)=Ry(-7)

* Ry(T)< Ry(0)forall 7

* Rx(0)=E(X*()
Unfortunately, computing my and R, (7) by ensemble averaging requires knowledge of a collec-
tion realizations of the random process, which is not normally available. Therefore, time averages

from a single realization are generally used. Random processes whose time averages equal their
ensemble averages are known as ergodic processes.

Review of Discrete-Time Signal Processing

In this brief overview of discrete-time signal processing, emphasis is placed on the specification
and characterization of discrete-time signals and discrete-time systems. The review of stochastic
processes and random variables was useful to model most digital communication signals. A
review of linear discrete-time signal processing, on the other hand, is needed to model the effects
of the channel on digital communication signals. Digital-time signal processing is a vast and
well-documented area of engineering. For interested readers, there are several excellent texts [7,
10, 18] that give a more rigorous treatment of discrete-time signal processing to supplement the
material given in this section.

Discrete-Time Signals

A discrete-time signal is simply an indexed sequence of real or complex numbers. Hence, a
random process is also a discrete-time signal. Many discrete-time signals arise from sampling a
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continuous-time signal, such as video or speech, with an analog-to-digital (A/D) converter. We
refer interested readers to “Discrete-Time Signals” for further details on A/D converters and sam-
pled continuous-time signals. Other discrete-time signals are considered to occur naturally such
as time of arrival of employees to work, the number of cars on a freeway at an instant of time, and
population statistics. For most information-bearing signals of practical interest, three simple yet
important discrete-time signals are used frequently to described them. These are the unit sample,
unit step, and the complex exponential. The unit sample, denoted by 5(n), is defined as

smy=1r "0 1.15
(”)‘{o, " (1.15)

The unit sample may be used to represent an arbitrary signal as a sum of weighted sample as
follows

x(n) = Z x(k)S(n — k) (1.16)

k=—oo

This decomposition is the discrete version of the sifting property for continuous-time signals. The
unit step, denoted by u(n), defined as

() = 1, n20 (117
=0, n<o A7
and is related to the unit sample by

u(n) = Z(S(k) (1.18)

f=—oo

Finally, the complex exponential is defined as
e = cos(nwy) + jsin(nw,) (1.19)

where @) is some real constant measured in radians. Later in the book, we will see that complex
exponentials are extremely useful for analyzing linear systems and performing Fourier decompo-
sitions.

Discrete-Time Systems

A discrete-time system is a rule of correspondence that transforms an input signal into the output
signal. The notation 7T-] will be used to represent a general transformation. Our discussions shall
be limited to a special class of discrete-time systems called linear shift-invariant (LSI) systems.
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As a notation aside, discrete-time systems are usually classified in terms of properties they pos-
sess. The most common properties include linearity, shift-invariance, causality, and stability,
which are described below.

Linearity and Shift-Invariance

Two of the most desirable properties of discrete-time system for ease of analysis and design are
linearity and shift-invariance. A system is said to be linear if the response to the superposition of
weighted input signals is the superposition of the corresponding individual outputs weighted in
accordance to the input signals, i.e.,

y=T[ox, +ﬂx2]=0(1"[x1]+ﬂT[x2] (1.20)

A system is said to be shift-invariant if a shift in the input by n results in a shift in the output by
n,. In other words, shift-invariance means that the properties of the system do not change with
time.

Causality
A very important property for real-time applications is causality. A system is said to be causal if
the response of the system at time n, does not depend of future input values, i.e.,

yng) =T[x(n—1)), 0<T<oo (1.21)

Thus, for a causal system, it is not possible for changes in the output to precede changes in the
input.

Stability

In many applications, it is important for a system to have a response that is bounded in amplitude
whenever the input is bounded. In other words, if the unit sample response of LSI system is abso-
lutely summable, i.e.,

Z Ii(n)| < oo (1.22)

n=—co

then for any bounded input |x(n)| < A < o the output is bounded [y(n)| < B < co. This system is
said to be stable in the Bounded-Input Bounded-Output (BIBO) sense. There are many other def-
initions for stability for a system, which can be found in [7, 18]; however, BIBO is one of the
most frequently used.

Thus far, we have discussed only the properties of LSI systems without providing an example of
it. Consider an LSI system whose g coefficients are contained in the vector . The response of the
system to an input sequence x(#) is given by the following relationship
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q
Y=Y x(kh(n—k) (1.23)

k=0

is referred to as a Finite length Impulse Response (FIR) system. Notice that the output depends
only on the input values in the system. It is possible, however, for the output of the system to
depend on past outputs of the system as well as the current inputs, i.e.,

q 14
W)=Y x(h(n— k)= Y yk)g(n - k) (1.24)

k=0 k=1

This type of system is referred to as an Infinite length Impulse Response (IIR) system.

Filtering Random Processes

Earlier we have mentioned that all digital communication signals can be viewed as random pro-
cesses. Thus, it is important to qualify the effects filtering has on the statistics of a random pro-
cess. Of particular importance are LSI filters because of their frequent use in signal
representation, detection, and estimation. In this section, we examine the effects of LSI filtering
on the mean and autocorrelation of an input random process.

Let x(r) be a WSS random process with mean m,, and autocorrelation R, (n). If x(n) is filtered
by a stable LSI filter having a unit sample response A(n), the output y(n) is a random process that
is related to input random process x(r) via the convolution sum

) = x(n)#h(m) = Y h(k)x(n - k) (1.25)

k=—oco

The mean of y(n), m,, is found by taking the expected value of Equation 1.25 as follows,

Ely(n)} = E{ D h(k)x(n - k)} = Y HOER(n- 1)

k=—oco k=—oo

my = E(y(m]=m, Y h(k)=m H(e’)
k=—o0
where H(e/?) is the zero-frequency response, or non-time varying response for the filter. Hence,
the mean of y(n) is a constant equal to the mean x(n) scaled by the sample average of the unit
sample response.

The autocorrelation of y(n), is derived and understood best by first proceeding with the cross-
correlation r,, between x(n) and y(n), which is given by
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(k) =E{y(n+k)x"(n)} = E{ S h(Dx(n+k—Lx"(n
} o (1.26)
= ¥ h(DE{x(n+k-1)x"(n)}

= 3 h(l)r,(k—1)= R (k)*h(k)

[=—o0

Recall, under the assumption of WSS, the cross-correlation Ty depends only on the difference
between sampling instants. It is interesting to note that the cross-correlation r,, as defined in
Equation 1.26 is just the convolution of the input autocorrelation R, (n) with the channel impulse
response h(n). We will use this result, shortly, to relate the output autocorrelation R, (n) to

input autocorrelation R, (7).

The output autocorrelation is defined as

R,(n) = E{y(n+k)y"(k)} = E{y(n +k) 2 x (DA™ (k - 1)}

|=—c0

= i K (k= DE{y(n + k)x* (D} (1.27)

J=—00

= Zh*(k—l)ryx(n-kk—l)

=0

Inspection of Equation 1.27 reveals that the autocorrelation of y(n), is really a convolution sum.
Changing the index of summation by setting m = [ — k, we obtain

Ry(m)= D B (—m)r,(n—m) =1, (n)* h"(-n) (1.28)

J=—c0
Combining Equations 1.26 and 1.28 we have
R, (n) = R, (n)* h(n) * h*(-n) (1.29)

Equation 1.29 is a key result exploited often in the reception of wireless communication signals.
Figure 1.1 illustrates the concepts expressed in Equations 1.26 and 1.28.
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Ry(n) Ryx(n) Ry(n)
— h() = hn) [—

FIGURE 1.1
Input-output autocorrelation for filtered random processes.

Discrete Fourier Transform (DFT)

The Discrete Fourier Transform (DFT) is, arguably, the most widely used design and analysis
tool in electrical engineering. For many situations, frequency-domain analysis of discrete-time
signals and systems provide insights into their characteristics that are not easily ascertainable in
the time-domain. The DFT is a discrete version of the discrete-time Fourier transforms (DTFT);
that is, the DTFT is a function of a continuous frequency variable, whereas the DFT is a function
of a discrete frequency variable. The DFT is useful because it is more amenable to digital imple-
mentations. The N-point DFT of a finite length sequence x(n) is defined as

N-1
X(k) = 2 x(n)e~J2mn/N (1.30)
n=0

Clearly, it can be seen from Equation 1.30 that the DFT is a sample version of the DTFT, i.e.,

X(k) = X()| pozmic v (131)

where

o0

X(@)= Y x(n)e™™® (1.32)

n=—oo

The DFT has an inverse transformation called the inverse DFT (IDFT). The IDFT provides a
means of recovering the finite length sequence x(n) through the following relationship,

N-1
x(n) = %Zx(k)eﬂ”k”w (1.33)
k=0

Let’s now consider the DFTs of the discrete-time signals given in “Discrete-Time Signals,” since
they form the basic building blocks to generate more complex signals. Using the definition in
Equation 1.15, the DFT of the unit sample 8(n) becomes

N-1
X(ky ="y 8(mye 1IN =1 (1.34)
n=0

11
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Using the definition of the unit step given in Equation 1.17, its DFT is given by

N-1
X(ky="Y e ™ = N§(k) (1.35)
n=0

The result in Equation 1.35 follows directly since, with the exception of the n = 0 term, each of
the complex exponentials sums to zero over the sample period of length N. Finally, the DFT of
the complex exponential is given by

N-1
X(k)= ejnwoe—jZn:knlN = N5(k—

n=|

) (1.36)

Besides the DFTs given above, some useful properties of the discrete Fourier transforms that
facilitate communication system analysis are summarized in Table 1.1. where ® denotes circular
convolution, (-); denotes modulo-N operation, and * denotes the complex conjugate as previ-
ously defined. This concludes the review of the mathematical background material.

TABLE 1.1 Some Useful Properties of the DFT

Discrete-Time Signal DFT

x(n) «> X(k)

x(n—ngy) - X (k)e /2! N
o, (n) + P, (n) - oX, (k) + BX, (k)
x"(n) « X((—k)n

y(n) ® x(n) « Y(k)X(k)
x(-m)y « X" (k)

e~ I2m N x(n) “ X((k—m))y

Components of a Digital Communication System

In this section, the basic elements of a digital communication system are reviewed. The funda-
mental principle that governs digital communications is the “divide and conquer” strategy. More
specifically, the information source is divided into its smallest intrinsic content, referred to as a
bit. Then each bit of information is transmitted reliably across the channel. In general, the infor-
mation source may be either analog or digital. Analog sources are considered first since they
require an additional processing step before transmission. Examples of analog sources used in
our everyday lives are radios, cameras, and camcorders. Each of these devices is capable of gen-
erating analog signals, such as voice and music in the case of radios and video images in the case
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of camcorders. Unfortunately, an analog signal can not be transmitted directly by means of digi-
tal communications; it must be first converted into a suitable format. With reference to the top
chain of Figure 1.2, each basic element and its corresponding receiver function will be reviewed

in the order they appear left to right.

4

Digital Source
[TT10[A10 0 ———
Y

G—y| Source 5| Source 5 |Channel ] ‘ P
A% Format 7| Coding | Coding [ Modulate S
Analog Source
Useri+1p
N -
N Muitiple |- ~
1 . 1 Access
Useri -
/
/
/
Useri-1f
Estimate of Digital Source Synchronization
1T1]0[T10 0] €«————

/\_/ | @—Reconstructf« [S)glc’(g%% «— ggggggl <€— Demodulate]

Estimate of Analog Source

FIGURE 1.2

Basic elements of a digital communication system.

Source Formatting

Source formatting is the process by which an analog signal or continuous-time signal is con-
verted into a digital signal. The device used to achieve this conversion is referred to as an analog-
to-digital (A/D) converter. The basic elements of an A/D converter shown in Figure 1.3 consists
of a sampler, quantizer, and encoder. The first component, the sampler, extracts sample values of
the input signal at the sampling times. The output of the sampler is a discrete-time signal but with
a continuous-valued amplitude. These signals are often referred to as sampled data signals; refer
to Figure 1.4 for an illustration. Digital signals, by definition, are not permitted to have continu-
ous-valued amplitudes; thus, the second component, the quantizer, is needed to quantize the con-
tinuous range of sample values into a finite number of sample values. Finally, the encoder maps
each quantized sample value onto a digital word.

13
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x(t) x4(t) . x(nT)
———1 Sampler » Quantizer » Encoder |—»

Digital
Continuous-time Discrete-time Discrete-time gilgr?;t
continuous-amplitude continuous- discrete-
input signal amplitude amplitude
signal signal
FIGURE 1.3

Basic elements of A/D converter.

Sampling and Reconstruction

To model the sampling operation of a continuous-time signal, we make use of a variant of the
unit sample function &(n) defined in “Discrete-Time Signals.” An ideal sampler is a mathemati-
cal abstraction but is useful for analysis and given by

pty="Y 8(t—nT) (1.37)

where 7, is the sampling interval. Now, the sampled data signal x (¢) can be expressed as
x,(6) = x()p(t) (1.38)

where x(¢) is the continuous-time continuous-amplitude input signal as seen in Figure 1.4. Obvi-
ously, the more samples of the x(¢) we have, the easier it will be to reconstruct the signal. Each
sample will be eventually transmitted over the channel. In order to save bandwidth, we would
like to send the bare minimum number of samples needed to reconstruct the signal. The sampling
rate that produces this is called the Nyquist rate. Nyquist sampling theorem states that samples
taken at a uniform rate 2 f, where f, is the highest frequency component of a band-limited signal
x(2), is sufficient to completely recover the signal. The Nyquist Sampling Theorem is conceptu-
ally illustrated in Figure 1.5. Notice first that sampling introduces periodic spectral copies of the
original spectrum center at the origin. Second, the copies are sufficiently spaced apart such that
they do not overlap. This simple principle is the essence of the Nyquist Sampling Theorem. If the
spectral copies of the spectrum were permitted to overlap, aliasing of the spectral copies would
occur. It would then be impossible to recover the original spectrum by passing it through a low-
pass filter whose ideal frequency response is represented by the dashed box.
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FIGURE 1.4
An example of a discrete-time continuous amplitude signal X (1).
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FIGURE 1.5

Spectrum of a sampled waveform.
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Quantization and Encoding

After the signal has been sampled, the amplitude values must be quantized into a discrete set of
values. The process of quantization entails rounding off the sample value to the nearest of a finite
set of permissible values. Encoding is accomplished by assigning a digital word of length &,
which represents the binary equivalent for the numerical value of the quantization level, as
depicted in Figure 1.6. For example, at sampling time T, the amplitude of the signal lies within
quantization level 12, which has a binary representation of 1101. Furthermore, the number of
quantization levels ¢ and the digital word length & are related by

g=2*

Another key observation that should be taken from Figure 1.6 is that the quantization process
introduces an error source usually referred to as quantization noise. When decoding, it is usually
assumed the amplitude falls at the center of the quantization level. Hence, the maximum error
which can occur is 1 AL, where
A

AL = oF (1.39)
and A is the difference between the maximum and minimum values of the continuous-time sig-
nal. If we assume a large number of quantization levels, error function is nearly linear within the
quantization level, i.e.,

e(t)= gt (1.40)
27

where 27 is the time the continuous-time signal remaining within the quantization level. The
mean-square error P, is thereby given by

1 ¢, AL% T,
P =-— oA ==—| 2?2 1.41
"2t —re( ) 41'3-"0 (141
AL?
P == 1.42
"= (1.42)

The quantity of most interest, however, is the signal-to-noise ratio (SNR) at the output of the A/D
converter, which is defined as

SNR = 5 (1.43)

n
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where P, and P, are the power in the signal and noise, respectively. The signal power for an input
sinusoidal signal is defined as

2
P = % = AI(2%2) (1.44)
which leads to a SNR of
12A(2%*7) 3
- — 2k
SNR = ——7—==2(2%) (1.45)

or, in decibels,
SNR(dB) =10log,,(SNR) =1.76 + 6.02k

Thus, the SNR at the output of the A/D converter increases by approximately 6 dB for each bit
added to the word length, assuming the output signal is equal to the input signal to the A/D
converter.

Quantization
Levels

Encoded
Output

1111
1110
1101 VRN
1100/ N
1011 |

1010] |

1001] | \
1000] |

o111 | \
ot10] | \
o101 /

0100 \
0011 \
0010 \
0001 R

0000 N~ e

0 T 2T 3T 4T Sampling Time

FIGURE 1.6

Quantization and digital encoding.
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Source Coding

Source coding entails the efficient representation of information sources. For both discrete and
continuous sources, the correlations between samples are exploited to produce an efficient repre-
sentation of the information. The aim of source coding is either to improve the SNR for a given
bit rate or to reduce the bit rate for a given SNR. An obvious benefit of the latter is a reduction in
the necessary system resource of bandwidth and/or energy per bit to transmit the information
source.

A discussion on source coding requires the definition of a quantity, which measures the average
self-information in each discrete alphabet, termed source entropy [14]. The self-information /(x;)
for discrete symbol or alphabet x; is defined as

I(x;) = ~log, (p;) (1.46)

where p; is the probability of occurrence for x;. The source entropy H(x;)is found by taking the
statistical expectation of the self-information, i.e.,

M
H(x;) = E{I(x)} ==Y p; logs(p;) (1.47)
j=1

where M is the cardinality of the discrete alphabet set and the units of measure for H(x;) are bits/
symbol. The source entropy can also be thought of as the average amount of uncertainty con-
tained in the alphabet x . Therefore, the source entropy is the average amount of information that
must be communicated across the channel per symbol. It can be easily shown that H(x j) is
bounded by the following expression

0< H(x;)<log, M (1.48)

In other words, the source entropy is bounded below by zero if there is no uncertainty, and above
by log, M if there is maximum uncertainty. As an example, consider a binary source x; that gen-
erates independent symbols 0 and 1 with respective probabilities of py and p;. The source
entropy is given by

H(x;)= ‘[Pl log,(p,) + Py log,(py )] (1.49)

Table 1.2 lists the source entropy as the probabilities of pg and p, are varied between O and 1.
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TABLE 1.2 Source Entropy

19

Po P H(x;)
0.5 0.5 1.00
0.1 0.9 0.47
0.2 0.8 0.72

Table 1.2 illustrates that as the relative probabilities vary, the number of bits/symbol needed to
transmit the information vary as well. One might wonder what information source would have
such probabilistic distribution. English text, for instance, is known to have unequal probability
for its alphabet; in other words, some letters appear in English text more frequently than others.
Another key consideration when determining the source entropy is whether the source is memo-
ryless. A discrete source is said to be memoryless if the sequence of symbols is statistically inde-
pendent. The readers should refer to “Review of Stochastic Processes and Random Variables” for
a definition of statistical independence. In contrast, if a discrete source is said to have memory,
the sequence of symbols is not independent. Again, consider English text as an example. Given
that the letter “q” has been transmitted, the next letter will probably be a “u.” Transmission of the
letter “u” as the next symbol resolves very little uncertainty from a communication perspective.
We can thus conclude that the entropy of an M-tuple from a source with memory is always less
than the entropy of a source with the same alphabet and symbol probability without memory, i.e.,

HM (xj )with memory < HM (xj )without memory (150)

Another way to interpret the relationship in Equation 1.50 is that the average entropy per symbol
of an M-tuple from a source with memory decreases as the length M increases. Hence it is more
efficient to encode symbols from a source with memory three at a time than it is to encode them
two at a time or one at a time. Encoder complexity, memory constraints, and delay considerations
require that practical source encoding be performed on finite-length sequences. Interested readers
are encouraged to examine References [8, 13, 15, 25] dealing with source coding.

Channel Coding

Channel coding refers to the class of signal transformations designed to improve communica-
tions performance by enabling the transmitted signal to better withstand the effects of various
channel impairments, such as noise, fading, and jamming. The goal of channel coding is to
improve the bit error rate (BER) performance of power-limited and/or bandwidth limited chan-
nels by adding structured redundancy to the transmitted data. The two major categories of chan-
nel coding are block coding and convolutional coding. In the following sections, we describe the
fundamental principles governing each of these two types of codes.
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Linear Block Codes

Linear block codes are a class of parity check codes that can be characterized by an integer pair
(n, k). As such, the parity bits or symbols are formed by a linear sum of the information bits. In
general, the encoder transforms any block of k£ message symbols into a longer block of 7 symbols
called a codeword. A special class of linear block codes called systematic codes append the parity
symbols to the end of the k symbol message to form the coded sequence. These codes are of pat-
ticular interest since they result in encoders of reduced complexity.

For binary inputs, the k-bit messages, referred to as k-tuples, form 2* distinct message sequences.
The n-bit blocks, referred to as n-tuples, form 2* distinct codewords or message sequences out of
2" possible n-tuples in the finite dimensional vector space.

Hence, one can view linear block codes as a finite dimensional vector subspace defined over the
extended Galois fields GF(27). The transformation from a k-dimensional to an n-dimensional
vector space is performed according to a linear mapping specified in the generator matrix G. In
other words, an (#, k) linear block code C is formed by partitioning the information sequence into
message blocks of length k. Each message block u; is encoded or mapped to a unique codeword
or vector v;in accordance with G

v, =u,G (1.51)

Another useful matrix, often defined when describing linear block codes, is the parity-check
matrix H. The parity check matrix has the property that it generates code words that lie in the null
space of G. Mathematically, we describe this relationship as

GH" =0, (1.52)

where 0,,_, is the zero vector of length n — k. As we will see in the following paragraphs, H plays
an integral part in the detection process for linear block codes.

Consider a code vector v, transmitted over a noisy channel. Denote the received vector from the
channel as r;. The equation relating r; to v; is

r,=v;+e (1.53)

where e is an error pattern or vector from the noisy channel. At the receiver, the decoder tries to
determine v; given r;. This decision is accomplished using a two-step process: one, compute the
syndrome; and two, add the coset leader corresponding to the syndrome to the received vector.
We have just introduced two new terms that need defining. The syndrome s is defined as the pro-
jection of the received vector onto the subspace generated by H

s; =r;H’ (1.54)
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Using Equations 1.51-1.53, we see that Equation 1.54 simplifies to
s; =eH” (1.55)

The foregoing development is evidence that the syndrome test, whether performed on a corrupted
codeword or on the error pattern that caused it, yields the same syndrome. An important property
of linear block codes, fundamental in the decoding process, is the one-to-one mapping between
correctable error patterns and the associated syndrome. This equivalence leads us to our discus-
sion on coset leaders.

The coset leaders consist of all the correctable error patterns. A correctable error pattern is one
whose Hamming weight is less than or equal to | (dmin =D/ 2 |, where | x | means the largest inte-
ger not to exceed x, and d_;, is defined as the minimum Hamming distance between any two
code words for an (n, k) linear block code. For binary vectors, the Hamming weight is defined as
the number of non-zero elements in a vector, and the Hamming distance between two code vec-
tors is defined as the number of elements in which they differ. It is interesting to note that d_; for
a linear block code is equal to the non-zero codeword with minimum Hamming weight. These
concepts are easily generalized to the extended Galois field.

Note that there are exactly 2% coset leaders for the binary case. Now, let’s form a matrix as fol-
lows: first, list all the coset leaders in the first column; second, list all the possible code words in
the top row; and, last, form the (i, j) element of the matrix from the sum of ith element of the first
column with the jth element of the top row. The resulting matrix represents all possible received
vectors and is often referred to as the standard array.

Now, we will relate how all the above fits into the decoding process. As stated earlier, the task of
the decoder is to estimate the transmitted code vector, v; from the received vector r;. The maxi-
mum likelihood solution v ,,, found by maximizing the conditional probability density function
for the received vector for all possible code vectors v ;3 hamely,

V= arg nizjlx Pr(rl.|vj) (1.56)

The optimization criterion for Equation 1.56 over a binary symmetric channel (BSC) is to decide
in favor of the code word that is the minimum Hamming distance from the received vector

d(r,,v;) = mind(r,,v;) Vv, (1.57)

A systematic procedure for the decoding process proceeds as follows:

1. Calculate the syndrome of r using s = rH”.
2. Locate the coset leader whose syndrome equals rH” from the standard array table.

3. This error pattern is added to the received vector to compute the estimate of v or read
directly from the corresponding column in the standard array table.
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Convolutional Codes

Another major category of channel coding is convolutional coding. An important characteristic of
convolutional codes, different from block codes, is that the encoder has memory. That is, the n-
tuple generated by the convolutional encoder is a function of not only the input k-tuple but also
the previous K — 1input k-tuples. The integer K is a parameter known as the constraint length,
which represents the number of memory elements in the encoder. A shorthand convention typi-
cally employed in the description of a convolutional encoder is (, k, K) for the integers defined
above.

To understand the fundamental principles governing the convolutional codes, we direct our atten-
tion to the (2,1,2) convolutional encoder depicted in Figure 1.7. This encoder, at any given sam-
pling time instant, accepts k input bits, makes a transition from its current state to one of the 2K
possible successor states, and outputs r bits.

O
(1)

Cc

n
(1)
an
o—e—{ T T e Output
Input

Superscript = segence number
Subscript = time index o

FIGURE 1.7

Four state convolutional encode.

The two noteworthy characteristics of a convolutional encoder are the tap connections and the
contents of the memory elements. For the tap connections of the encoder, the generator polyno-
mial representation is commonly used. Yet, for the state information as well as the output code-
words, a state diagram or trellis diagram is typically employed.

With the generator polynomial representation, the taps for each output of the encoder are speci-
fied by a polynomial g;(D) where the coefficients of g;(D) are taken from GF (2” ) Note, p equal
to one corresponds to the binary field. For this case, a 1 coefficient denotes a connection and a 0
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coefficient denotes no connection. The argument of the polynomial, D, denotes a unit time delay.
In other words, we represent two unit time delays as D2 The coded bits are formed by computing
the sum over GF (2" ) dictated by the tap coefficients. The two components of the sum are the
current state of memory elements and the & input bits. To clarify these concepts, again consider
the encoder shown in Figure 1.7. The generator polynomials for the outputs of this encoder are

g(D)=1+D? (1.58)
g (D)=1+D+D? (1.59)

We now briefly describe a method for viewing the state information as well as the output bits: the
trellis diagram. We noted earlier that the convolutional encoder is a finite state machine. Thus, a
natural way to describe its behavior is to view its state transition at each time instant. The state of
the encoder is considered to be the contents of its memory elements. For a convolutional code
with K memory elements, there are 2X states. Each state is assigned a number from 0 to 2% — 1,
which is obtained from the binary representation of its memory elements. The trellis diagram
shows the state transitions and associated outputs for all possible inputs as seen in Figure 1.8. For
binary inputs, solid and dashed lines are used, respectively, to represent a 0 or 1 input into the
encoder. We also notice in the figure that there are two branches entering and leaving each state at
every time instant. In general, there are 2% branches emanating from each state and 2¥ branches
merging to each state. Each new sequence of k input bits causes a transition from an initial state
to 2¥ states at the next node in the trellis or time instant. Note, the encoder output is always
uniquely determined by the initial state and the current input. Additionally, the trellis diagram
shows the time evolution ofvthe the states. Later, we will see that the trellis diagram is also very
useful for evaluating the performance of these codes.

solid line = 0 (zero) input
dashed line = 1 (one) input

FIGURE 1.8

Trellis diagram for the four state convolutional encoder.
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Note that after three stages into the trellis diagram, each node at subsequent stages has two
branches entering and leaving it. Furthermore, it can be shown that the branches originate from a
common node three stages back into the trellis. In general, for any constraint length (, k, K) con-
volutional code, every K stages into the trellis diagram mark the point where 2% branches merge
and diverge at each node. Furthermore, the merging branches in a node can be traced back K
stages into the past to the same originating node. This observation led to the development of a
systematic approach for the optimum decoding of convolutional codes.

Decoder

As was the case for linear block codes, the decoder task is to estimate the transmitted code word
from a received vector. It was shown that the optimum decoder strategy for linear block codes is
to select the codeword with the minimum distance metric, the Hamming distance. The same is
true for convolutional codes as well. Recall that an encoder for a convolutional code has memory.
Thus, it is a reasonable approach to use all codewords associated with a particular symbol in the
decision determination for it. Hence, for convolutional codes a sequence of codewords, or paths
through the trellis, are compared to determine the transmitted codeword. In 1967, Viterbi [25]
developed an algorithm that performs the maximum likelihood decoding with reduced computa-
tional load by taking advantage of the special structure of the code trellis.

The basis of Viterbi decoding is the following observation. If any two paths in the trellis merge to
a single state, one of them can always be eliminated in the search for the optimum path. A sum-
mary of the Viterbi decoding algorithm proceeds as follows:

» Measure the similarity or distance between the received signals at each sampling instant ¢
and all the paths entering each state or node at time #,.

« The Viterbi algorithm eliminates from consideration the paths from the trellis whose dis-
tance metrics are not the minimum for a particular node. The distance metric can be either
the Hamming distance or Euclidean distance. In other words, when two paths enter the
same state, the one having the best distance metric is chosen. This path is called the surviv-
ing path. The selection of the surviving paths is performed for all the states.

 The decoder continues in this way, advancing deeper in the trellis and making decisions by
elimination of least likely paths. In the process, the cumulative distance metric for each
surviving path is recorded and used later to determine the maximum likelihood path.

The early rejection of the unlikely paths reduces the decoding complexity. In 1969, Omura [25]
demonstrated that the Viterbi algorithm is, in fact, the maximum likelihood estimator. For a dis-
cussion of more advance of coding techniques, the reader is referred to Chapter 3, “Modulation
and Coding,” of this book.
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Modulation

Modulation is the process by which information signals, analog or digital, are transformed into
waveforms suitable for transmission across channel. Hence, digital modulation is the process by
digital information are transform into digital waveforms. For baseband modulation, the wave-
forms are pulses; but for band-pass modulation, the information signals are transformed into
radio frequency (RF) carriers, which have embedded the digital information. Since RF carriers
are sinusoids, the three salient features are its amplitude, phase, and frequency. Therefore, digital
band-pass modulation can be defined as the process whereby the amplitude, phase, or frequency
of an RF carrier, or any combination of them, is varied in accordance with the digital information
to be transmitted. The general form of a complex RF carrier is given by

s(t) = A(t) exp(w,t + 6(t)) (1.60)

where @, is the radian frequency of the carrier and (¢ is the time-varying phase. The radian fre-
quency of the RF carrier is related to its frequency in Hertz by

o, = 2f, (1.61)

At the receiver, the transmitted information embedded in the RF carrier must be recovered. When
the receiver uses knowledge of the phase of the carrier to detect the signal, the process is called
coherent detection; otherwise, the process is known as non-coherent detection. The advantage of
non-coherent detection over coherent detection is reduced complexity at the price of increased
probability of symbol error (Py).

Whether the receiver uses coherent or non-coherent detection, it must decide which of the possi-
ble digital waveforms most closely resembles the received signal, taking into account the effects
of the channel. A more rigorous treatment of common digital modulation formats and demodula-
tion techniques is given in Chapter 3 of this book.

Multiple Access Techniques

Multiple access refers to the remote sharing of a fixed communication resource (CR), suchas a
wireless channel, by a group of users. For wireless communications, the CR can be thought of as
a hyperplane in frequency and time. The goal of multiple access is to allow users to share the CR
without creating unmanageable interferences with each other. In this section, we review the three
most basic multiple access techniques for wireless communications: frequency division multiple
access (FDMA), time division multiple access (TDMA), and code division multiple access
(CDMA,). Other more sophisticated techniques are combinations or variants of these three.

FDMA

In FDMA systems, the frequency-time plane is partitioned into non-overlapping frequency
bands. The top graph in Figure 1.10 illustrates the FDMA concept. Each RF carrier in the FDMA
system is assigned a specific frequency band within the allocated bandwidth specified by the
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Federal Communications Commission (FCC). The spectral regions between adjacent channels
are called guard bands, which help reduce the interferences between channels. As a result of the
non-linearities of the power amplifier (PA) at the transmitter, signals experience spectral spread-
ing—broadening of the bandwidth of the signal. The situation worsen when multiple RF carriers
are present simultaneously in the PA, as in the case with OFDM, and adjacent channel interfer-
ence may result. Another source of frequency domain distortions is co-channel interference.

Co-channel interference results when frequency reuse is employed in wireless communication
systems as depicted in Figure 1.9. A frequency band is said to be reused when it is shared by two
or more downlinks” of the base station. The co-channel reuse ratio (CRR) is defined as the ratio
the distance d between cells using the same frequency to the cell radius r. The capacity of the cel-
lular network can be increased by splitting existing cells into smaller cells but maintain the same
d/r ratio. CRR is chosen to provide adequate protection against co-channel interference from
neighboring sites. However, Jakes [12] shows that the interference protection degenerates in the
presence of Rayleigh fading.

FIGURE 1.9
A macrocell layout using reuse factor of 7.

TDMA

In TDMA, sharing of the CR is accomplished by dividing the frequency-time plane into non-
overlapping time slots which are transmitted in periodic bursts to the satellite. During the period
of transmission, the entire allocated bandwidth is available to an user as illustrated in the middle
graph of Figure 1.10. Time is segmented into intervals called frames. Each frame is further

*The downlink transmission is the communication link originating from the base station and terminating
at the mobile.
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partitioned into user assignable time slots. An integer number of time slots constitute a burst time
or burst. Guard times are allotted between bursts to prevent overlapping of bursts. Each burst is
comprised of a preamble and the message portion.

FREQUENCY

POWER

TIME FREQUENCY

POWER

FREQUENCY

FIGURE 1.10

Communication resource hyperplane.

The preamble is the initial portion of a burst used for carrier and clock recovery and station-
identification and other housekeeping tasks. The message portion of a burst contains the coded
information sequence. In some systems, a training sequence is inserted in the middle of the
coded information sequence. The advantage of this scheme is that it can aid the receiver in
mitigating the effects of the channel and interferers. The disadvantage is that it lowers frame
efficiency; that is, the ratio of the bit available for messages to the total frame length.

A point worth noting is that both FDMA and TDMA system performances degrade in the pres-
ence of the multipath fading. More specifically, due to the high transmission rates of the TDMA
systems, the time dispersive channel (a consequence of delay spread phenomenon) causes inter-
symbol interference (ISI). This is a serious problem in TDMA systems thus requiring adaptive
techniques to maintain system performance.

CDMA

Unlike FDMA and TDMA who share only a portion of the frequency-time, CDMA systems
share the entire frequency-time plane. Sharing of the CR is accomplished by assigning each user
a unique quasi-orthogonal code as illustrated by the bottom graph of Figure 1.10.
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Generally, CDMA is regarded as an application of direct sequence spread-spectrum techniques; a
technique whereby the information signal is modulated by a high-speed (wideband) spreading
signal and the resulting baseband signal is modulated onto an RF carrier. For digital communica-
tions, pseudonoise or pseudorandom (PN) signals are used as the spreading signals. Pseudonoise
or pseudorandom signals are deterministic signals whose statistical properties are similar to sam-
pled white noise. At the receiver in a CDMA system, the information signal is recovered by cor-
relating the received spread signal with a synchronized replica of the spreading signal.

The ratio of the code chip rate and the data rate is called the processing gain GP. The processing
gain represents the amount of interference protection provided by the code. Sklar [22] demon-
strates that CDMA systems provide immunity to frequency selective fading and interferers by
virtue of correlation property of the codes. Unfortunately, each additional user increases the over-
all noise level thus degrading the quality for all the users. In the next section, we describe the var-
ious impairments caused by the channel on the digital waveform.

Channel Model

In mobile wireless communications, the information signals are subjected to distortions caused
by reflections and diffractions generated by the signals interacting with obstacles and terrain con-
ditions as depicted in Figure 1.11. The distortions experienced by the communication signals
include delay spread, attenuation in signal strength, and frequency broadening. Bello [1] shows
that the unpredictable nature of the time variations in the channel may be described by narrow-
band random processes. For a large number of signal reflections impinging at the receiver, the
central limit theorem can be invoked to model the distortions as complex-valued Gaussian ran-
dom processes. The envelope of the received signals is comprised of two components: rapid-
varying fluctuations superimposed onto slow-varying ones. When the mean envelope suffers a
drastic reduction in signal strength resulting from “destructive” combining of the phase terms
from the individual paths, the signal is said to be experiencing a fade in signal strength.

Multipath

In this section, we will develop a model to predict the effects of multipath on the transmitted
communication signal. Multipath is a term used to describe the reception of multiple transmis-
sion paths to the receiver. As mentioned above, the channel can be accurately described by a ran-
dom process; hence, the state of the channel will be characterized by its channel correlation
function. The baseband transmit signal s(t) can be accurately modeled as narrowband process
related to information bearing signal x(z) by

s(t) = x(£)e A (1.62)






































































































































































































































































































































































































































































































































































































































































































































































































































































































