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Preface

The purpose of this text is to initiate the
newcomer to cellular radio and wireless personal communications, one of the
fastest growing fields in the engineering world. Technical concepts which are at
the core of design, implementation, research, and invention of wireless commu-
nication systems are presented in an order that is conducive to understanding
general concepts, as well as those specific to particular cellular and personal
communication systems and standards. This text is based upon my experiences
as an educator, researcher, and consultant, and is modeled from an academic
course developed for electrical engineering students as well as a self-study
course for practicing engineers and technicians, developed at the request of the
Institute of Electrical and Electronics Engineers (IEEE). References to journal
articles are used liberally throughout this text to enable the interested reader to
delve into additional reading that is always required to master any field. How-
ever, for handbook or classroom use, or for those who find it difficult to pursue
outside reading, this text has been written as a complete, self-contained teaching
and reference book. Numerous examples and problems have been provided to
help the reader solidify the material.

This book has been designed for the student or practicing engineer who is
already familiar with technical concepts such as probability, communication the-
ory, and basic electromagnetics. However, like the wireless communications
industry itself, this book combines material from many different technical disci-
plines, so it is unlikely that any one person will have had introductory courses
for all of the topics covered. To accommodate a wide range of backgrounds,
important concepts throughout the text are developed from first principles, so
that readers learn the foundations of wireless communications. This approach

xiil
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XV
makes it possible to use this book as a handbook within industry, or as a teach-
ing tool in a classroom setting.

The material and chapter sequence in this text have been adapted from an
entry-level graduate course which I first taught in 1991 at the Virginia Polytech-
nic Institute and State University. Chapter 1 demonstrates the rapid growth of
cellular radio throughout the world and provides a glimpse into the future.
Chapter 2 covers cellular radio concepts such as frequency reuse and handoff,
which are at the core of providing wireless communication service to subseribers
on the move using limited radio spectrum. Chapter 2 also demonstrates how
interference between mobiles and base stations affects the capacity of cellular
systems. Chapter 3 presents radio propagation path loss and log-normal shadow-
ing and describes different ways to model and predict the large-scale effects of
radio propagation in many operating environments. Chapter 4 covers small-scale
propagation effects such as fading, time delay spread, and Doppler spread, and
describes how to measure and model the impact that signal bandwidth and
motion have on the instantaneous received signal through the multipath chan-
nel. Radio wave propagation has historically been the most difficult problem to
analyze and design for, since unlike a wired communication system which has a
constant, stationary transmission channel (i.e., a wired path), radio channels are
random and undergo shadowing and multipath fading, particularly when one of
the terminals is in motion.

Chapter 5 provides extensive coverage of the most common analog and dig-
ital modulation techniques used in mobile communications and demonstrates
trade-offs that must be made in selecting a modulation method. Issues such as
receiver complexity, modulation and demodulation implementation, bit error
rate analysis for fading channels, and spectral occupancy are presented. Chan-
nel coding, adaptive equalization, and antenna diversity concepts are presented
in Chapter 6. In portable radio systems where people communicate while walk-
ing or driving, these methods may be used individually or in tandem to improve
the quality (that is, reduce the bit error rate) of digital mobile radio communica-
tions in the presence of fading and noise.

Chapter 7 provides an introduction to speech coding. In the past decade
there has been remarkable progress in decreasing the needed data rate of high
quality digitized speech, which enables wireless system designers to match end-
user services to network architectures. Principles which have driven the devel-
opment of adaptive pulse code modulation and linear predictive coding tech-
niques are presented, and how these techniques are used to evaluate speech
quality in existing and proposed cellular, cordless, and personal communication
systems are discussed. Chapter 8 introduces time, frequency, and code division
multiple access, as well as more recent multiple access techniques such as
packet reservation and space division multiple access. Chapter 8 also describes
how each access method can accommodate a large number of mobile users and
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XV

demonstrates how multiple access impacts capacity and the network infrastruc-
ture of a cellular system. Chapter 9 describes networking considerations for wide
area wireless communication systems, and presents practical networking
approaches that are in use or have been proposed for future wireless systems.
Chapter 10 unites all of the material from the first nine chapters by describing
and comparing the major existing and proposed cellular, cordless, and personal
communication systems throughout the world. The trade-offs made in the design
and implementation of wireless personal communications systems are illumi-
nated in this final chapter. The compilation of the major wireless standards
makes Chapter 10 particularly useful as a single source of information for a wide
range of systems.

Appendices which cover trunking theory, noise calculations, and the Gauss-
ian approximation for spread spectrum code division systems provide details for
those interested in solving practical wireless communications problems.

For industry use, Chapters 1—4 and 8 will benefit working engineers in the
cellular system design and radio frequency (RF) testing/maintenance/measure-
ment areas. Chapters 5—7 are tailored for modem designers and digital signal
processing (DSP) engineers new to wireless. Chapters 9 and 10 should have
broad appeal to network operators and managers, as well as working engineers.

To use this text at the undergraduate level, the instructor may wish to con-
centrate on Chapters 1—5, or Chapters 1—4, and 8, leaving the other chapters
for treatment in a second semester undergraduate course or a graduate level
course. Alternatively, traditional undergraduate courses on communications or
network theory may find in Chapters 1, 2, 3, 5, 7, 8, and 9 useful material that
can be inserted easily into the standard curriculum. In using this text at the
graduate level, I have been successful in covering most of the material in Chap-
ters 1—8 during a standard half-year semester. In Chapters 9 and 10, I have
attempted to cover important but rarely compiled information on practical net-
work implementations and worldwide standards.

Without the help and ingenuity of several former Virginia Tech graduate
students, this text could not have been written. I am pleased to acknowledge the
help and encouragement of Rias Muhamed, Varun Kapoor, Kevin Saldanha, and
Anil Doradla — students I met in class while teaching the course Cellular Radio
and Personal Communications. Kevin Saldanha also provided camera ready
copy for this text (which turned out to be no small task!). The assistance of these
students in compiling and editing materials for several chapters of this text was
invaluable, and they were a source of constant encouragement throughout the
project. Others who offered helpful suggestions, and whose research efforts are
reflected in portions of this text, include Scott Seidel, Joe Liberti, Dwayne Haw-
baker, Marty Feuerstein, Yingie Li, Ken Blackard, Victor Fung, Weifang Huang,
Prabhakar Koushik, Orlando Landron, Francis Dominique, and Greg Bump. Zhi-
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xvi

gang Rong, Jeff Laster, Michael Buehrer, Keith Brafford, and Sandip Sandhu
also provided useful suggestions and helpful reviews of early drafts.

This text benefits greatly from practical input provided by several industry
reviewers. Roman Zaputowycz of Bell Atlantic Mobile Systems, Mike Bamburak
of McCaw Communications, David McKay of Ortel, Jihad Hermes of PrimeCo ,
Robert Rowe of Ariel Communications, William Gardner of Qualcomm, John
Snapp of AT&T Wireless, and Jim Durcan of Comcast Cellular provided
extremely valuable input as to what materials were most important, and how
they could best be presented for students and practicing engineers, Marty Feuer-
stein of Lucent Technologies and Mike Lord of Cellular One provided comprehen-
sive reviews which have greatly improved the manuscript. The technical staff at
Grayson Electronics also provided feedback and practical suggestions during the
development of this text.

From the academic perspective, a number of faculty in the wireless commu-
nications field provided useful suggestions which I readily incorporated. These
reviewers include Prof. J. Keith Townsend of North Carolina State University
and Prof. William H. Tranter of the University of Missouri-Rolla. Professors Jef-
frey Reed and Brian Woerner of Virginia Tech also provided excellent recommen-
dations from a teaching perspective. I am grateful for the invaluable
contributions from all of these individuals. Also, I wish to thank the numerous
faculty, students, and practicing engineers from around the world who have pro-
vided valuable feedback and who are using this book in classrooms and short
courses.

I am pleased to acknowledge the support of the National Science Founda-
tion, the Defense Advanced Research Project Agency, and the many sponsors and
friends of the Mobile & Portable Radio Research Group, who have supported our
research and educational activities in wireless communications since 1990, It is
from the excellent faculty at Purdue University, particularly my advisor, Clare D.
McGillem, that I formally learned about communications and how to build a
research program. I consider myself fortunate to have been one of the many
graduate students who was stimulated to pursue a dual career in engineering
and education upon graduation from Purdue.

Finally, it is a pleasure to acknowledge my family and students, who put up
with my preoccupation on this project, Barbara Coburn and Jill Cals of the
IEEE, who championed the IEEE self-study course on the same subject, and
Karen Gettman and Camille Trentacoste of Prentice Hall, who commissioned
this work and helped me bring this text to you.

Theodore S. Rappaport

Samsung Exhibit 1018, Page 17 of 71
Samsung Electronics Co., Ltd. et al. v. One-E-Way, Inc.
IPR2025-01541



4 Ch, 1 « Introduction to Wireless Communication Systems

1.2 Mobile Radiotelephone in the U.S.

In 1946, the first public mobile telephone service was introduced in twenty-
five major American cities. Each system used a single, high-powered transmitter
and large tower in order to cover distances of over 50 km in a particular market.
The early FM push-to-talk telephone systems of the late 1940s used 120 kHz of
RF bandwidth in a half-duplex mode (only one person on the telephone call could
talk at a time), even though the actual telephone-grade speech occupies only 3
kHz of baseband spectrum. The large RF bandwidth was used because of the dif-
ficulty in mass-producing tight RF filters and low-noise, front-end receiver
amplifiers. In 1950, the FCC doubled the number of mobile telephone channels
per market, but with no new spectrum allocation. Improved technology enabled
the channel bandwidth to be cut in half to 60 kHz, By the mid 1960s, the FM
bandwidth of voice transmissions was cut to 30 kHz. Thus, there was only a fac-
tor of 4 increase in spectrum efficiency due to technology advances from WW 11 to
the mid 1960s. Also in the 1950s and 1960s, automatic channel trunking was
introduced and implemented under the label IMTS (Improved Mobile Telephone
Service). With IMTS, telephone companies began offering full duplex, auto-dial,
auto-trunking phone systems [Cal88]. However, IMTS quickly became saturated
in major markets. By 1976, the Bell Mobile Phone service for the New York City
market (a market of about 10,000,000 people) had only twelve channels and
could serve only 543 paying customers. There was a waiting list of over 3,700
people [Cal88], and service was poor due to call blocking and usage over the few
channels. IMTS is still in use in the U.S., but is very spectrally inefficient when
compared to today's U.S. cellular system.

During the 1950s and 1960s, AT&T Bell Laboratories and other telecom-
munications companies throughout the world developed the theory and tech-
niques of cellular radiotelephony — the concept of breaking a coverage zone
(market) into small cells, each of which reuse portions of the spectrum to
increase spectrum usage at the expense of greater system infrastructure
[Mac79]. The basic idea of cellular radio spectrum allocation is similar to that
used by the FCC when it allocates television stations or radio stations with dif-
ferent channels in a region of the country, and then reallocates those same chan-
nels to different stations in a completely different part of the country. Channels
are only reused when there is sufficient distance between the transmitters to
prevent interference. However, cellular relies on reusing the same channels
within the same market or service area. AT&T proposed the concept of a cellular
mobile system to the FCC in 1968, although technology was not available to
implement cellular telephony until the late 1970s. In 1983, the FCC finally allo-
cated 666 duplex channels (40 MHz of spectrum in the 800 MHz band, each
channel having a one-way bandwidth of 30 kHz for a total spectrum occupancy of
60 kHz for each duplex channel) for the U.S. Advanced Mobile Phone System
(AMPS) [You79]. According to FCC rules, each city (called a market) was only
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Mobile Radiotelephone in the U.S. 5

allowed to have two cellular radio system providers, thus providing a duopoly
within each market which would assure some level of competition. As described
in Chapters 2 and 10, the radio channels were split equally between the two car-
riers. AMPS was the first US. cellular telephone system, and was deployed in
late 1983 by Ameritech in Chicago, IL [Bou91]. In 1989, the FCC granted an
additional 166 channels (10 MHz) to U.S. cellular service providers to accommo-
date the rapid growth and demand. Figure 1.2 illustrates the spectrum currently
allocated for U.S. cellular telephone use. Cellular radio systems operate in an
interference-limited environment and rely on judicious frequency reuse plans
(which are a function of the market-specific propagation characteristics) and fre-
quency division multiple access (FDMA) to maximize capacity. These concepts
will be covered in detail in subsequent chapters of this text.

Reverse Channel Forward Channel

Q00| 991| »e= | 1023] 1| 2] »== | 709| [990)991| === [1023| 1| 2| === |799

524-849 MHz 869-894 MHz
Channel Number Center Frequency (MHz)
Reverse Channel 1< N <799 0.030N +825.0
09N < N < 1023 0.030(N — 1023) + 825.0
Forward Channel =N <799 0.030N + 870.0
990 <= N < 1023 0.030(N —1023) + 870.0

(Channels 800 - 989 are unused)

Figure 1.2

Freqguency spectrum allocation for the U.S. cellular radio service. Identically labeled channels in the
two bands form a forward and reverse channel pair used for duplex communication between the base
station and mobile. Note that the forward and reverse channels in each pair are separated by 45 MHz.

In late 1991, the first U.S. Digital Cellular (USDC) system hardware was
installed in major U.S. cities. The USDC standard (Electronic Industry Associa-
tion Interim Standard 1S-54) allows cellular operators to replace gracefully some
single-user analog channels with digital channels which support three users in
the same 30 kHz bandwidth [EIA90]. In this way, U.S. carriers can gradually
phase out AMPS as more users accept digital phones. As discussed in Chapters 8
and 10, the capacity improvement offered by USDC is three times that of AMPS,
because digital modulation (7/4 differential quadrature phase shift keying),
speech coding, and time division multiple access (TDMA) are used in place of
analog FM and FDMA. Given the rate of digital signal processing advancements,

Samsung Exhibit 1018, Page 19 of 71
Samsung Electronics Co., Ltd. et al. v. One-E-Way, Inc.
IPR2025-01541
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speech coding technology will increase the capacily to six users per channel in
the same 30 kHz bandwidth within a few vears.

A cellular system based on code division multiple access (CDMA) has been
developed bv Qualcomm, Inc. and standardized by the Telecommunications
Industry Association (TIA) as an Interim Standard (IS-95). This system supports
a variable number of users in 1.25 MHz wide channels using direct sequence
spread spectrum. While the analog AMPS system requires that the signal be at
least 18 dB above the co-channel interference to provide acceptable call quality,
CDMA systems can operate at much larger interference levels because of their
inherent interference resistance properties. The ability of CDMA to operate with
a much smaller signal-to-noise raiio than conventicnal narrowband FM tech-
niques allows CDMA sysiems to use the same set of frequencies in every cell,
which provides a large improvement in capacity [Gil91]. Unlike other digital cel-
lular systems, the Qualcomm system uses a variable rate vocoder with voice
activity detection which considerably reduces the required data rate and also the
battery drain by the robile transmitter.

In the early 1990s, a new specialized mobile radio service (SMR) was devel-
oped to compete with U.S, cellular radio carriers. By purchasing small groups of
radio system licenses from a large number of independent private radio service
providers throughout the country, Nextel and Motorola have formed an extended
SMR (E-SMR) network in the 800 MHz band that could provide capacity and ser-
vices similar to cellular. Using Motorola’s integrated radio system (MIRS), SMR
integrates voice dispatch, cellular phone service, messaging, and data transmis-
sion capabilities on the same network [Fil95].

New Personal Communication Service (PCS) licenses in the 1800/1900
MHz band were auctioned by the U.S. Government to wireless providers in early
1995, and these promise to spawn new wireless services that will complement, as
well as compete with, cellular and SMR. One of the stipulations of the PCS
license is that a majority of the coverage area be operational before the year
2000. Thus, there is pressure on PCS licensees to “build-out” each market. As
many as five PCS licenses are allocated for each major U.S. city (see Chapter 10).

1.3 Mobile Radio Systems Around the World

Many mobile radio standards have been developed for wireless systems
throughout the world, and more standards are likely to emerge. Table 1.1
through Table 1.3 lists the most common paging, cordless, cellular, and personal
communications standards used in North America, Europe, and Japan. The dif-
ferences between the basic types of wireless systems are described in Section 1.5,
and are covered in detail in Chapter 10.

The world’s most common paging standard is the Post Office Code Standard
Advisory Group (FOCSAG) [CCI86],[San82]. POCSAG was developed by British
Post Office in the late 1970s and supports binary frequency shift keying (FSK)
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microcellular systems, However, satellite mobile systems offer tremendous prom-
ise for paging, data collection, and emergency communications, as well as for glo-
bal roaming before IMT-2000 is deployed. In early 1990, the aerospace industry
demonstrated the first successful launch of a small satellite on a rocket from a jet
aircraft. This launch technique is more than an order of magnitude less expen-
sive than conventional ground-based launches and can be deployed quickly, sug-
gesting that a network of LEOs could be rapidly deployed for wireless
communications around the globe. Already, several companies have proposed
systems and service concepts for worldwide paging, cellular telephone, and emer-
gency navigation and notification [IEE91].

In emerging nations, where existing telephone service is almost nonexist-
ent, fixed cellular telephone systems are being installed at a rapid rate. This is
due to the fact that developing nations are finding it is quicker and more afford-
able to install cellular telephone systems for fixed home use, rather than install
wires in neighborhoods which have not yet received telephone connections to the
PSTN.

The world is now in the early stages of a major telecommunications revolu-
tion that will provide ubiquitous communication access to citizens, wherever
they are [Kuc91], [Goo91], [ITU94]. This new field requires engineers who can
design and develop new wireless systems, make meaningful comparisons of com-
peting systems, and understand the engineering trade-offs that must be made in
any system. Such understanding can only be achieved by mastering the funda-
mental technical concepts of wireless personal communications. These concepts
are the subject of the remaining chapters of this text.

1.6 Problems

1.1 Why do paging systems need to provide low data rates? How does a low data
rate lead to better coverage?

1.2 Qualitatively describe how the power supply requirements differ between
mobile and portable cellular phones, as well as the difference between pocket
pagers and cordless phones. How does coverage range impact battery life in a
maobile radio system?

1.3 In simulcasting paging systems, there usually is one dominant signal arriving
at the paging receiver. In most, but not all cases, the dominant signal arrives
from the transmitter closest to the paging receiver. Explain how the FM cap-
ture effect could help reception of the paging receiver. Could the FM capture
effect help cellular radio systems? Explain how.

1.4 Where would walkie-talkies fit in Tables 1.5 and 1.6? Carefully describe the
similarities and differences between walkie-talkies and cordless telephones.
Why would consumers expect a much higher grade of service for a cordless
telephone system?

1.6 Assume a 1 Amp-hour battery is used on a cellular telephone {often called a
cellular subscriber unit). Also assume that the cellular telephone draws 35 mA
in idle mode and 250 mA during a call. How long would the phone work (i.e.
what is the battery life) if the user leaves the phone on continually and has
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one 3-minute call every day? every 6 hours? every hour? What is the maximum
talk time available on the cellular phone in this example?

1.6 Assume a CT2 subscriber unit has the same size battery as the phone in Prob-
lem 1.5, but the paging receiver draws 5 mA in idle mode and the transceiver
draws 80 mA during a call. Recompute the CT2 battery life for the call rates
given in Problem 1.5. Recompute the maximum talk time for the CT2 handset.

1.7 Why would one expect the CT2 handset in Problem 1.6 to have a smaller bat-
tery drain during transmission than a cellular telephone?

1.8 Why is FM, rather than AM, used in most mobile radio systems today? List as
many reasons as you can think of, and justify your responses. Consider issues
such as fidelity, power consumption, and noise.

1.9 List the factors that led to the development of (a) the GSM system for Europe,
and (b) the U.S. digital cellular system. Compare and contrast the importance
for both efforts to (i) maintain compatibility with existing cellular phones. (ii)
obtain spectral efficiency. (iii) obtain new radio spectrum.

1.10 Assume that a GSM, an IS-95, and a U.S. digital cellular base station transmit
the same power over the same distance. Which system will provide the best
SNR at a mobile receiver? What is the SNR improvement over the other two
systems? Assume a perfect receiver with only thermal noise present in each of
the three systems,

1.11 Discuss the similarities and differences between a conventional cellular radio
system and a space-based (satellite) cellular radio system. What are the advan-
tages and disadvantages of each system? Which system could support a larger
number of users for a given frequency allocation? Why? How would this impact
the cost of service for each subscriber?

1.12 Assume that wireless communication standards can be classified as belonging
to one of the following four groups:

High power, wide area systems (cellular)

Low power, local area systems (cordless telephone and PCS)

Low data rate, wide area systems (mobile data)

High data rate, local area systems (wireless LANs)
Classify each of the wireless standards described in Tables 1.1 - 1.3 using these
four groups. Justify your answers. Note that some standards may {it into more
than one group.

1.13 Discuss the importance of regional and international standards organizations
such as ITU-R, ETSI, and WARC. What competitive advantages are there in
using different wireless standards in different parts of the world? What disad-
vantages arise when different standards and different frequencies are used in
different parts of the world?

1.14 Based on the proliferation of wireless standards throughout the world, discuss
how likely it is for IMT-2000 to be adopted. Provide a detailed explanation,
along with probable scenarios of services, spectrum allocations, and cost.
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1989, the FCC allocated an additional 10 MHz of spectrum for cellular ser-
vices, and this allowed 166 new channels to be added to the AMPS system.
There are now 832 channels used in AMPS. The forward channel (870.030
MHz) along with the corresponding reverse channel (825.030 MHz) is num-
bered as channel 1. Similarly the forward channel 889.98 MHz along with the
reverse channel 844.98 MHz 1s numbered as channel 666 (see Figure 1.2). The
extended band has channels numbered as 667 through 799, and 990 through
1023.

In order to encourage competition, the FCC licensed the channels to two
competing operators in every service area, and each operator received half of
the total channels. The channels used by the two operators are distinguished
as block A and block B channels. Block B is operated by companies which have
traditionally provided telephone services (called wireline operators), and Block
A is operated by companies that have not traditionally provided telephone ser-
vices (called nonwireline operators).

Out of the 416 channels used by each operator, 395 are voice channels and
the remaining 21 are control channels, Channels 1 through 312 (voice chan-
nels) and channels 313 through 333 (control channels) are block A channels,
and channels 355 through 666 (voice channels) and channels 334 through 354
(control channels) are block B channels. Channels 667 through 716 and 991
through 1023 are the extended Block A voice channels, and channels 717
through 799 are extended Block B voice channels.

Each of the 395 voice channels are divided into 21 subsets, each containing
about 19 channels. In each subset, the closest adjacent channel is 21 channels
away. In a 7-cell reuse system, each cell uses 3 subsets of channels. The 3 sub-
sets are assigned such that every channel in the cell is assured of being sepa-
rated from every other channel by at least 7 channel spacings. This channel
assignment scheme is illustrated in Table 2.2. As seen in Table 2.2, each cell
uses channels in the subsets, tA + iB + iC, where { is an integer from 1 to 7.
The total number of voice channels in a cell is about 57. The channels listed in
the upper half of the chart belong to block A and those in the lower half belong
to block B. The shaded set of numbers correspond te the control channels
which are standard to all cellular systems in North America.

2.5.3 Power Control for Reducing Interference

In practical cellular radio and personal communication systems the power
levels transmitted by every subscriber unit are under constant control by the
serving base stations. This is done to ensure that each mobile transmits the
smallest power necessary to maintain a good quality link on the reverse channel.
Power control not only helps prolong battery life for the subscriber unit, but also
dramatically reduces the reverse channel S/I in the system. As shown in Chap-
ters 8 and 10, power control is especially important for emerging CDMA spread
spectrum systems that allow every user in every cell to share the same radio
channel.
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Table 2.2 AMPS channel allocation for A side and B side carriers

Channel allocation chart for the 832 channel AMPS system
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2,6 Trunking and Grade of Service

Cellular radio systems rely on trunking to accommodate a large number of
users in a limited radio spectrum. The concept of trunking allows a large number
of users to share the relatively small number of channels in a cell by providing
access to each user, on demand, from a pool of available channels. In a trunked
radio system, each user is allocated a channel on a per call basis, and upon ter-
mination of the call, the previously occupied channel is immediately returned to
the pool of available channels.

Trunking exploits the statistical behavior of users so that a fixed number of
channels or circuits may accommodate a large, random user community. The
telephone company uses trunking theory to determine the number of telephone
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possible quality while occupying the least amount of radio spectrum, new
advances in digital signal processing continue to bring about new forms of modu-
lation and demodulation. This chapter describes many practical modulation
schemes, receiver architectures, design trade-offs, and their performance under
various types of channel impairments.

5.1 Frequency Modulation vs. Amplitude Modulation

Frequency modulation (FM) is the most popular analog modulation tech-
nique used in mobile radio systems. In FM, the amplitude of the modulated car-
rier signal is kept constant while its frequency is varied by the modulating
message signal. Thus, FM signals have all their information in the phase or fre-
quency of the carrier. As shown subsequently, this provides a nonlinear and very
rapid improvement in reception quality once a certain minimum received signal
level, called the FM threshold, is achieved. In amplitude modulation (AM)
schemes, there is a linear relationship between the quality of the received signal
and the power of the received signal since AM signals superimpose the exact rel-
ative amplitudes of the modulating signal onto the carrier. Thus, AM signals
have all their information in the amplitude of the carrier. FM offers many advan-
tages over amplitude modulation (AM), which makes it a better choice for many
mobile radio applications.

Frequency modulation has better noise immunity when compared to ampli-
tude modulation. Since signals are represented as frequency variations rather
than amplitude variations, FM signals are less susceptible to atmospheric and
impulse noise, which tend to cause rapid fluctuations in the amplitude of the
received radio signal. Also, message amplitude variations do not carry informa-
tion in FM, so burst noise does not affect FM system performance as much as AM
systems, provided that the FM received signal is above the FM threshold. Chap-
ter 4 illustrated how small-scale fading can cause rapid fluctuations in the
received signal, thus FM offers superior qualitative performance in fading when
compared to AM. Also, in an FM system, it is possible to tradeoff bandwidth
occupancy for improved noise performance. Unlike AM, in an FM system, the
modulation index, and hence bandwidth occupancy, can be varied to obtain
greater signal-to-noise performance. It can be shown that, under certain condi-
tions, the FM signal-to-noise ratio improves 6 dB for each doubling of bandwidth
occupancy. This ability of an FM system to trade bandwidth for SNR is perhaps
the most important reason for its superiority over AM. However, AM signals are
able to occupy less bandwidth as compared to FM signals, since the transmission
system is linear. In modern AM systems, susceptibility to fading has been dra-
matically improved through the use of in-band pilot tones which are transmitted
along with the standard AM signal. The modern AM receiver is able to monitor
the pilot tone and rapidly adjust the receiver gain to compensate for the ampli-
tude fluctuations.

Samsung Exhibit 1018, Page 25 of 71

Samsung Electronics Co., Ltd. et al. v. One-E-Way, Inc.
IPR2025-01541



—

Amplltuﬁe Modulation 199

An FM signal is a constant envelope signal, due to the fact that the envelope
of the carrier does not change with changes in the modulating signal. Hence the
transmitted power of an FM signal is constant regardless of the amplitude of the
message signal. The constant envelope of the transmitted signal allows efficient
Class C power amplifiers to be used for RF power amplification of FM. In AM,
however, it is critical to maintain linearity between the applied message and the
amplitude of the transmitted signal, thus linear Class A or AB amplifiers, which
are not as power efficient, must be used.

The issue of amplifier efficiency is extremely important when designing
portable subscriber terminals since the battery life of the portable is tied to the
power amplifier efficiency. Typical efficiencies for Class C amplifiers are 70%,
meaning that 70% of the applied DC power to the final amplifier circuit is con-
verted into radiated RF power. Class A or AB amplifiers have efficiencies on the
order of 30-40%. This implies that for the same battery, constant envelope FM
modulation may provide twice as much talk time as AM.

Frequency modulation exhibits a so-called capture effect characteristic. The
capture effect is a direct result of the rapid nonlinear improvement in received
quality for an increase in received power. If two signals in the same frequency
band are available at an FM receiver, the one appearing at the higher received
signal level is accepted and demodulated, while the weaker one is rejected. This
inherent ability to pick up the strongest signal and reject the rest makes FM sys-
tems very resistant to co-channel interference and provides excellent subjective
received quality. In AM systems, on the other hand, all of the interferers are
received at once and must be discriminated after the demodulation process.

While FM systems have many advantages over AM systems, they also have
certain disadvantages. FM systems require a wider frequency band in the trans-
mitting media (generally several times as large as that needed for AM) in order
to obtain the advantages of reduced noise and capture effect. FM transmitter
and receiver equipment is also more complex than that used by amplitude modu-
lation systems. Although frequency modulation systems are tolerant to certain
types of signal and circuit nonlinearities, special attention must be given to
phase characteristics, Both AM and FM may be demodulated using inexpensive
noncoherent detectors. AM is easily demodulated using an envelope detector
whereas FM is demodulated using a discriminator or slope detector. AM may be
detected coherently with a product detector, and in such cases AM can outper-
form FM in weak signal conditions since FM must be received above threshold.

5.2 Amplitude Modulation

In amplitude modulation, the amplitude of a high frequency carrier signal
is varied in accordance to the instantaneous amplitude of the modulating mes-
sage signal. If A cos (2nf.t) is the carrier signal and m (t) is the modulating
message signal, the AM signal can be represented as
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the same RF bandwidth. Since AM detectors have a linear detection gain, it fol-
lows that (SNR),,, for FM is much greater than (SNR),,, for AM.

Equation (5.35) shows the SNR at the output of an FM detector increases as
the cube of the bandwidth of the message. This clearly illustrates why FM offers
excellent performance for fading signals. As long as (SNR); remains above
threshold, (SNR) ,, is much greater than (SNR),,. A technique called thresh-
old extension is used in FM demodulators to improve detection sensitivity to
about (SNR), = 6 dB.

FM can improve receiver performance through adjustment of the modula-
tion index at the transmitter, and not the transmitted power. This is not the case
in AM, since linear modulation techniques do not trade bandwidth for SNR.

Example 5.5
How much bandwidth is required for an analog frequency modulated signal
that has an audio bandwidth of 5 kHz and a modulation index of 3? How much
output SNR improvement wounld be obtained if the medulation index is
increased to 5? What is the trade-off bandwidth for this improvement?

Solution to Example 5.5
Frum Carson's rue the bandwidth is
= 2(Pet1)f,, = 2(3+1)5kHz = 40kHz

Frgm eqzuatmn (5.35) the output SNR improvement factor is approximately

Eﬁ +313

Therefore
for Br=3, the putput SNR factor is = 3 (3]3 +3 (3] = 108 = 20.33dB
for B, = 5, the output SNR factoris ~ 3 (5) +3(5] = 450 = 26.53dB

The Impravement in output SNR by increasing the modulation index from 3 to
5 is therefore 26.53 -20.33 = 62dB

This improvement is achieved at the expense of bandwidth. For f, = 3 a
bandwidth of 40 kHz is needed, while Br = 5 requires a bandwidth of 6{(}

5.4 Digital Modulation — an Overview

Modern mobile communication systems use digital modulation techniques.
Advancements in very large-scale integration (VLSI) and digital signal process-
ing (DSP) technology have made digital modulation more cost effective than ana-
log transmission systems. Digital modulation offers many advantages over
analog modulation. Some advantages include greater noise immunity and
robustness to channel impairments, easier multiplexing of various forms of
information (e.g., voice, data, and video), and greater security. Furthermore, dig-
ital transmissions accommodate digital error-control codes which detect and/or
correct transmission errors, and support complex signal conditioning and pro-
cessing techniques such as source coding, encryption, and equalization to
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improve the performance of the overall communication link. New multipurpose
programmable digital signal processors have made it possible to implement digi-
tal modulators and demodulators completely in software. Instead of having a
particular modem design permanently frozen as hardware, embedded software
implementations now allow alterations and improvements without having to
redesign or replace the modem.

In digital wireless communication systems, the modulating signal (e.g., the
message) may be represented as a time sequence of symbols or pulses, where
each symbol has m finite states. Each symbol represents n bits of information,
where n = log,m bits/symbol. Many digital modulation schemes are used in
modern wireless communication systems, and many more are sure to be intro-
duced. Some of these techniques have subtle differences between one another,
and each technique belongs to a family of related modulation methods. For
example, phase shift keying (PSK) may be either coherently or differentially
detected; and may have two, four, eight or more possible levels (e.g., n =1, 2, 3,
or more bits) per symbol, depending on the manner in which information is
transmitted within a single symbol.

5.4.1 Factors That Influence the Choice of Digital Modulation

Several factors influence the choice of a digital modulation scheme. A desir-
able modulation scheme provides low bit error rates at low received signal-to-
noise ratios, performs well in multipath and fading conditions, occupies a mini-
mum of bandwidth, and is easy and cost-effective to implement. Existing modu-
lation schemes do not simultaneously satisfy all of these requirements. Some
modulation schemes are better in terms of the bit error rate performance, while
others are better in terms of bandwidth efficiency. Depending on the demands of
the particular application, trade-offs are made when selecting a digital modula-
tion.

The performance of a modulation scheme is often measured in terms of its
power efficiency and bandwidth efficiency. Power efficiency describes the ability
of a modulation technique to preserve the fidelity of the digital message at low
power levels. In a digital communication system, in order to increase noise
immunity, it is necessary to increase the signal power. However, the amount by
which the signal power should be increased to obtain a certain level of fidelity
(i.e., an acceptable bit error probability) depends on the particular type of modu-
lation employed. The power efficiency, n ) (sometimes called energy efficiency) of
a digital modulation scheme is a measure of how favorably this tradeoff between
fidelity and signal power is made, and is often expressed as the ratio of the signal
energy per bit to noise power spectral density (be’Nu) required at the receiver
input for a certain probability of error (say 10~ )

Bandwidth efficiency describes the ability of a modulation scheme to accom-
modate data within a limited bandwidth. In general, increasing the data rate
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implies decreasing the pulse width of a digital symbol, which increases the band-
width of the signal. Thus, there is an unavoidable relationship between data rate
and bandwidth occupancy. However, some modulation schemes perform better
than the others in making this tradeoff. Bandwidth efficiency reflects how effi-
ciently the allocated bandwidth is utilized and is defined as the ratio of the
throughput data rate per Hertz in a given bandwidth. If R is the data rate in bits
per second, and B is the bandwidth occupied by the modulated RF signal, then
bandwidth efficiency 1, is expressed as

Ng = % bps/Hz (5.36)

The system capacity of a digital mobile communication system is directly
related to the bandwidth efficiency of the modulation scheme, since a modulation
with a greater value of ny will transmit more data in a given spectrum alloca-
tion.

There is a fundamental upper bound on achievable bandwidth efficiency.
Shannon’s channel coding theorem states that for an arbitrarily small probabil-
ity of error, the maximum possible bandwidth efficiency is limited by the noise in
the channel, and is given by the channel capacity formula [Sha48]

Nomas = g = log(1+3) (5.37)

where C is the channel capacity (in bps), B is the RF bandwidth, and S/N is
the signal-to-noise ratio.

In the design of a digital communication system, very often there is a
tradeoff between bandwidth efficiency and power efficiency. For example, as
shown in Chapter 6, adding error control coding to a message increases the
bandwidth occupancy (and this, in turn, reduces the bandwidth efficiency), but
at the same time reduces the required received power for a particular bit error
rate, and hence trades bandwidth efficiency for power efficiency. On the other
hand, higher level modulation schemes (M-ary keying) decrease bandwidth occu-
pancy but increase the required received power, and hence trade power efficiency
for bandwidth efficiency.

While power and bandwidth efficiency considerations are very important,
other factors also affect the choice of a digital modulation scheme. For example,
for all personal communication systems which serve a large user community, the
cost and complexity of the subsecriber receiver must be minimized, and a modula-
tion which is simple to detect is most attractive. The performance of the modula-
tion scheme under various types of channel impairments such as Rayleigh and
Rician fading and multipath time dispersion, given a particular demodulator
implementation, is another key factor in selecting a modulation. In cellular sys-
tems where interference is a major issue, the performance of a modulation
scheme in an interference environment is extremely important. Sensitivity to
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detection of timing jitter, caused by time-varying channels, is also an important
consideration in choosing a particular modulation scheme. In general, the modu-
lation, interference, and implementation of the time-varying effects of the chan-
nel as well as the performance of the specific demodulator are analyzed as a
complete system using simulation to determine relative performance and ulti-
mate selection.

Example 5.6
If the SNR of a wireless communication link is 20 dB and the RF bandwidth is
30 kHz, determine the maximum theoretical data rate that can be transmitted.
Compare this rate to the U.S. Digital Cellular Standard described in Chapter
1.

Solution to Example 5.6
Given:
S/N =20dB = 100
RF Bandwidth B = 30000 Hz
Using Shannon’s channel capacity formula (5.37), the maximum possible data
rate
C = Elogz( 1 +%) = 30000log, (1 +100) = 199.75 kbps
The USDC data rate is 48.6 kbps, which is only about one fourth the theoreti-
cal limit under 20 dB SNR conditions.

Example 5.7
What is the theoretical maximum data rate that can be supported in a 200
kHz channel for SNR = 10 dB, 30 dB. How does this compare to the GSM
standard described in Chapter 17

Solution to Example 5.7
For SNR = 10dB = 10, B = 200 kHz.
Using Shannon’s channel capacity formula (5.37), the maximum possible data
rate
C= Blogz(l +%) = 200000log;(1+ 10) = 691.886 kbps
The GSM data rate is 270.833 kbps, which is only about 40% of the theoretical
limit for 10 dB SNR conditions.
For SNR = 30dB = 1000, B = 200 kHz.
The maximum possible data rate

C= Blogl[ 1 +%) = 200000log,( 1+ 1000) = 1.99 Mbps.
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locked loop (PLL). If no pilot carrier is transmitted, a Costas loop or squaring
loop may be used to synthesize the carrier phase and frequency from the received
BPSK signal. Figure 5.23 shows the block diagram of a BPSK receiver along
with the carrier recovery circuits.

cos*(2nf.t+0) cos(4nf,++26)

mcos2af,t+0) | Square Law Bandpass Frequency  fcos(2nf,(+6)
] ‘ Filter Divider
device 2. n

m(t)cos(2nf.+0)
n:(f.l'casz{zntj;_.t+9}
| Integrate demodulated output
and Dump ————* mft)
Circuit
+

|
|
|
—» Bit Synchronizer —

Figure 5.23
BPSK receiver with carrier recovery circuits,

The received signal cos (2nf,t +0) is squared to generate a dc signal and
an amplitude varying sinusoid at twice the carrier frequency. The dc signal is fil-
tered out using a bandpass filter with center frequency tuned to 2f,. A frequency
divider is then used to recreate the waveform cos(2xf,¢ + 0). The output of the
multiplier after the frequency divider is given by

m (t) &cosz(ant+B} = m () %[l+lcoaz(zﬂﬁ+e)] (5.73)
T, ‘ T, 1272 ¢ :

This signal is applied to an integrate and dump circuit which forms the low
pass filter segment of a BPSK detector. If the transmitter and receiver pulse
shapes are matched, then the detection will be optimum. A bit synchronizer is
used to facilitate sampling of the integrator output precisely at the end of each
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bit period. At the end of each bit period, the switch at the output of the integrator
closes to dump the output signal to the decision circuit. Depending on whether
the integrator output is above or below a certain threshold, the decision ecircuit
decides that the received signal corresponds to a binary 1 or 0. The threshold is
set at an optimum level such that the probability of error is minimized. If it is
equally likely that a binary 1 or 0 is transmitted, then the voltage level corre-
sponding to the midpoint between the detector output voltage levels of binary 1
and 0 is used as the optimum threshold.

As seen in Section 5.6, the probability of bit error for many modulation
schemes in an AWGN channel is found using the @-function of the distance
between the signal points. From the constellation diagram of a BPSK signal
shown in Figure 5.21, it can be seen that the distance between adjacent points in
the constellation is 2,/E, . Substituting this in equation (5.62), the probability of
bit error is obtained as

E
P, gpsk = Q{ N_:J (5.74)

5.7.2 Differential Phase Shift Keying (DPSK)

Differential PSK is a noncoherent form of phase shift keying which avoids
the need for a coherent reference signal at the receiver. Noncoherent receivers
are easy and cheap to build, and hence are widely used in wireless communica-
tions. In DPSK systems, the input binary sequence is first differentially encoded
and then modulated using a BPSK modulator. The differentially encoded
sequence {d,} is generated from the input bhinary sequence {m,} by comple-
menting the modulo-2 sum of m, and d, . The effect is to leave the symbol d,
unchanged from the previous symbol if the incoming binary symbol m, is 1, and
to toggle d; if m, is 0. Table 5.1 illustrates the generation of a DPSK signal for
a sample sequence m, which follows the relationship d, = m, ®d,_,.

Table 5.1 lllustration of the Differential Encoding Process

{my) i 0 0 1 0 1 1 0
(dy. ;) 1 1 0 1 1 0 0 0
(dy} 1 1 0 1 1 0 0

A block diagram of a DPSK transmitter is shown in Figure 5.24. It consists
of a one bit delay element and a logic circuit interconnected so as to generate the
differentially encoded sequence from the input binary sequence. The output is
passed through a product modulator to obtain the DPSK signal. At the receiver,
the original sequence is recovered from the demodulated differentially encoded
signal through a complementary process, as shown in Figure 5.25.
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Input data Logic il | Product DPSK
{my} Circut Modulator signal
F 3
{1}
cos(2nf t)
Delay
I,
Figure 5.24
Block diagram of a DPSK transmitter.
DPSK Bandpass .| Logic Integrate Threshold demodulated
signal Filter | Circuit and Dump Device signal
Delay
Ty
Figure 5.25

Block diagram of DPSK receiver.

While DPSK signaling has the advantage of reduced receiver complexity, its
energy efficiency is inferior to that of coherent PSK by about 3 dB. The average
probability of error for DPSK in additive white Gaussian noise is given by

1 E
P, orsk = Eexp(-ﬁ‘;) (5.75)

5.7.3 Quadrature Phase Shift Keying (QPSK)

Quadrature phase shift keying (QPSK) has twice the bandwidth efficiency
of BPSK, since 2 bits are transmitted in a single modulation symbol. The phase
of the carrier takes on 1 of 4 equally spaced values, such as 0, /2, n, and 37/2,
where each value of phase corresponds to a unique pair of message bits. The
QPSK signal for this set of symbol states may be defined as

E
Sqrs (t) = [gtcos[2nfit+ (-DF] 0<t<T, i=1234. (676

where T is the symbol duration and is equal to twice the bit period.

8
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B, = 0,+¢, = 3n/4 from Table 5.2.
This implies I, @, are (- 0.707,-0.707) from (5.81) and (5.82). The second
two bits are 1 0, which maps from Table 5.2 into ¢, = —n/4. Thus from equa-
tion (5.83), 6, becomes —x, and I,, @, are (-1, 0) from equation (5.81). The
bits 1 1 induce ¢, = n/4 and thus 8, = -3n/4. Thus, I,, @, are
(- 0.707,—- 0.707 ).

From the above discussion it is clear that the information in a /4 QPSK
signal is completely contained in the phase difference ¢, of the carrier between
two adjacent symbols. Since the information is completely contained in the phase
difference, it is possible to use noncoherent differential detection even in the
absence of differential encoding.

5.7.8 n/4 QPSK Detection Techniques

Due to ease of hardware implementation, differential detection is often
employed to demodulate /4 QPSK signals. In an AWGN channel, the BER per-
formance of a differentially detected n/4 QPSK is about 3 dB inferior to QPSK,
while coherently detected =/4 QPSK has the same error performance as QPSK.
In low bit rate, fast Rayleigh fading channels, differential detection offers a
lower error floor since it does not rely on phase synchronization [Feh91]. There
are various types of detection techniques that are used for the detection of 7/4
QPSK signals. They include baseband differential detection, IF differential detec-
tion, and FM discriminator detection. While both the baseband and IF differen-
tial detector determine the cosine and sine functions of the phase difference, and
then decide on the phase difference accordingly, the FM discriminator detects
the phase difference directly in a noncoherent manner. Interestingly, simulations
have shown that all 3 receiver structures offer very similar bit error rate perfor-
mances, although there are implementation issues which are specific to each
technique [Anv91].

Baseband Differential Detection

Figure 5.33 shows a block diagram of a baseband differential detector. The
incoming n/4 QPSK signal is quadrature demodulated using two local oscillator
signals that have the same frequency as the unmodulated carrier at the trans-
mitter, but not necessarily the same phase. If ¢, = tan™! (Q,/1,) is the phase of
the carrier due to the k th data bit, the output w, and z, from the two low pass
filters in the in-phase and quadrature arms of the demodulator can be expressed
as

wy, = cos (¢ —7v) (5.87)
2, = sin (¢, —7) (5.88)
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RF BW = 0.57R= 0.57 x 270 x 10 = 153.9 kHz

5.9 Combined Linear and Constant Envelope Modulation Techniques

Modern modulation techniques exploit the fact that digital baseband data
may be sent by varying both the envelope and phase (or frequency) of an RF car-
rier. Because the envelope and phase offer two degrees of freedom, such modula-
tion techniques map baseband data into four or more possible RF carrier signals.
Such modulation techniques are called M-ary modulation, since they can repre-
sent more signals than if just the amplitude or phase were varied alone.

In an M-ary signaling scheme, two or more bits are grouped together to
form symbols and one of M possible signals, s, (£) , s,(£) , ..., 83, (¢) is transmit-
ted during each symbol period of duration T,. Usually, the number of possible
signals is M = 2", where n is an integer. Depending on whether the amplitude,
phase, or frequency of the carrier is varied, the modulation scheme is called M-
ary ASK, M-ary PSK, or M-ary FSK. Modulations which alter both the ampli-
tude and phase of the carrier are the subject of active research.

M-ary signaling is particularly attractive for use in bandlimited channels,
but are limited in their applications due to sensitivity to timing jitter (i.e., timing
errors increase when smaller distances between signals in the constellation dia-
gram are used. This results in poorer error performance).

M-ary modulation schemes achieve better bandwidth efficiency at the
expense of power efficiency. For example, an 8-PSK system requires a bandwidth
that is log,8 = 3 times smaller than a BPSK system, whereas its BER perfor-
mance is significantly worse than BPSK since signals are packed more closely in
the signal constellation.

5.9.1 M-ary Phase Shift Keying (MPSK)

In M-ary PSK, the carrier phase takes on one of M possible values, namely,
B; = 2(i—1)n/M, where i = 1,2,...,M. The modulated waveform can be

expressed as

zEa 2n . :
S, (1) = T cos(znfct+ﬂ(£ﬁl)), 0<t<T, i=12..M (5.112)

where E = (log,M )E, is the energy per symbol and T, = (log,M)T, is the
symbol period. The above equation can be rewritten in quadrature form as

S,(t) = }%&cos[(i—l}%} cos (21f.t) i=1,2..,M (5113)

2E,
-

sin[{i 1) i—ﬂ sin (27f.¢)
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Figure 5.46

M-ary FSK power spectral density, for M=, 16, (PSD for both rectangular and raised cosine filtered
pulses are shown for fixed Rh %

5.9.2 M-ary Quadrature Amplitude Modulation (QAM)

In M-ary PSK modulation, the amplitude of the transmitted signal was con-
strained to remain constant, thereby yielding a circular constellation. By allow-
ing the amplitude to also vary with the phase, a new modulation scheme called
quadrature amplitude modulation (QAM) is obtained. Figure 5.47 shows the con-
stellation diagram of 16-ary QAM. The constellation consists of a square lattice
of signal points. The general form of an M-ary QAM signal can be defined as

2E . 2E ;
Si(t) = T"“"a, cos (27f,t) + T“”'bi sin(2nf,t) (5.120)
Q<t<T = 1,2,...M

where E _; is the energy of the signal with the lowest amplitude, and @, and b,
are a pair of independent integers chosen according to the location of the particu-
lar signal point. Note that M-ary QAM does not have constant energy per sym-

:
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bol, nor does it have constant distance between possible symbol states. It reasons
that particular values of S, (¢) will be detected with higher probability than oth-

ers.

L 02 (D)
L] [] L ] e
e L L] L]
> ‘1’[ (z)
L @ ® @
o ] ® L

Figure 5.47
Constellation diagram of an M-ary QAM (M=16) signal set.

If rectangular pulse shapes are assumed, the signal S;(¢f) may be
expanded in terms of a pair of basis functions defined as

b, (t) =chos(2n[’c£) 0<t<T, (5.121)
b, (t) = Tlsin(ZTrfct) 0<t<T, (5.122)

-]

The coordinates of the i th message point are a,,/E, . and b, /E_. where
(a; b.) is an element of the L by L. matrix given by

L |

[ (-L+1,L—1) (-L+3,L—1) .. (L—1,L—1)

(-L+1,L-3) (~L+3,L-3) ... (L—1,L-3)
b} = _ . _ _ (5.123)

[(-L+1,-L+1) (-L+3,-L+1) ... (L—1,—L+1)]

where L = /M. For example, for a 16-QAM with signal constellation as shown
in Figure 5.47, the L by L matrix is
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(-3.3) (-.3) (L3) (3.3)
pog=f G0 CLD LD 1) (5.124)
(—3,-1) (-1,-1) {1,-1) (3,-1)
(3,-3) (-1,-3) (1,-3) (3,-3)
It can be shown that the average probability of error in an AWGN channel
for M-ary QAM, using coherent detection, can be approximated by [Hay94]

Pe;-'-l[ 1 -ﬁjg[ J%] (5.125)

In terms of the average signal energy E . this can be expressed as [Zie92]

P, = (J—L)Q[ i] (5.126)
. JM (M—1)N, '

The power spectrum and bandwidth efficiency of QAM modulation is identi-

cal to M-ary PSK modulation. In terms of power efficiency, QAM is superior to M-

ary PSK. Table 5.5 lists the bandwidth and power efficiencies of a QAM signal

for various values of M, assuming optimum raised cosine rolloff filtering in

AWGN. As with M-PSK, the table is optimistic, and actual bit error probabilities

for wireless systems must be determined by simulating the various impairments

of the channel and the specific receiver implementation. Pilot tones or equaliza-
tion must be used for QAM in mobile systems.

Table 5.5 Bandwidth and Power Efficiency of QGAM [Zie92]
M 4 16 64 256 1024 | 4096
g 1 2 3 4 5 6
E, /N, for BER=10° | 10.5 15 18.5 24 28 33.5

5.9.3 M-ary Frequency Shift Keying (MFSK)
In M-ary FSK modulation, the transmitted signals are defined by

E, rn, .. .
S,(t) = -ﬁ,—;—cﬂs[?(nc+:)r] 0<t<T, i=1,2..M (5.127)
- &

where f, = n /2T, for some fixed integer n.. The M transmitted signals are of
equal energy and equal duration, and the signal frequencies are separated by
1/2T, Hertz, making the signals orthogonal to one another.

For coherent M-ary FSK, the optimum receiver consists of a bank of M cor-
relators, or matched filters. The average probability of error based on the union
bound is given by [Zie92]
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have uniform energy over a very large bandwidth, at any given time only a small
portion of the spectrum will undergo fading (recall the comparison between wide-
band and narrowband signal responses in multipath channels in Chapter 4).
Viewed in the time domain, the multipath resistance properties are due to the
fact that the delayed versions of the transmitted PN signal will have poor corre-
lation with the original PN sequence, and will thus appear as another uncorre-
lated user which is ignored by the receiver. Spread spectrum systems are not
only resistant to multipath fading, but they can also exploit the multipath com-
ponents to improve the performance of the system. This can be done using a
RAKE receiver which combines the information obtained from several resolvable
multipath components. A RAKE receiver consists of a bank of correlators, each of
which correlate to a particular multipath component of the desired signal. The
correlator outputs may be weighted according to their relative strengths and
summed to obtain the final signal estimate [Pri58]. RAKE receivers are
described in Chapter 6.

5.10.1 Pseudo-noise (PN) Sequences

A pseudo-noise (PN) or pseudorandom sequence is a binary sequence with
an autocorrelation that resembles, over a period, the autocorrelation of a random
binary sequence. Its autocorrelation also roughly resembles the autocorrelation
of band-limited white noise. Although it is deterministic, a pseudonoise sequence
has many characteristics that are similar to those of random binary sequences,
such as having a nearly equal number of 0s and 1s, very low correlation between
shifted versions of the sequence, very low crosscorrelation between any two
sequences, etc. The PN sequence is usually generated using sequential logic cir-
cuits. A feedback shift register, which is diagrammed in Figure 5.48, consists of
consecutive stages of two state memory devices and feedback logic. Binary
sequences are shifted through the shift registers in response to clock pulses, and
the output of the various stages are logically combined and fed back as the input
to the first stage. When the feedback logic consists of exclusive-OR gates, which
is usually the case, the shift register is called a linear PN sequence generator.

The initial contents of the memory stages and the feedback logic circuit
determine the successive contents of the memory. If a linear shift register
reaches zero state at some time, it would always remain in the zero state, and
the output would subsequently be all 0’s. Since there are exactly 2™ - | nonzero
states for an m-stage feedback shift register, the period of a PN sequence pro-
duced by a linear m-stage shift register cannot exceed 2" -1 symbols. A
sequence of period 2" — 1 generated by a linear feedback register is called a max-
imal length (ML) sequence. An excellent treatment of PN codes is given in
[Coo86b].
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FEEDBACK LOGIC
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1 2 3 m PN sequence
3 3 k £ output
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Figure 5.48

Block diagram of a generalized feedback shift register with m stages.

5.10.2 Direct Sequence Spread Spectrum (DS-SS)

A direct sequence spread spectrum (DS-88) system spreads the baseband
data by directly multiplying the baseband data pulses with a pseudo-noise
sequence that is produced by a pseudo-noise code generator. A single pulse or
symbol of the PN waveform is called a chip. Figure 5.49 shows a functional block
diagram of a DS system with binary phase modulation. This system is one of the
most widely used direct sequence implementations. Synchronized data symbols,
which may be information bits or binary channel code symbols, are added in
modulo-2 fashion to the chips before being phase modulated. A coherent or differ-
entially coherent phase-shift keying (PSK) demodulation may be used in the
receiver.

The received spread spectrum signal for a single user can be represented as

P
S,(t) = Hfsmft}p(t)cnsfznfft+ﬂ} (5.133)

8

where m(t) is the data sequence, p(t) is the PN spreading sequence, f, is the
carrier frequency, and 8 is the carrier phase angle at ¢ = 0. The data waveform is
a time sequence of nonoverlapping rectangular pulses, each of which has an
amplitude equal to +1 or -1. Each symbol in m(¢) represents a data symbol and
has duration T',. Each pulse in p(t) represents a chip, is usually rectangular
with an amplitude equal to +1 or -1, and has a duration of T',. The transitions of
the data symbols and chips coincide such that the ratio T', to T, is an integer. If
W,, is the bandwidth of S,,(¢) and B is the bandwidth of m(¢)cos(2rf.t) , the
spreading due to p(t) gives W, » B.

Figure 5.49(b) illustrates a DS receiver. Assuming that code synchroniza-
tion has been achieved at the receiver, the received signal passes through the
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Figure 5.49
Block diagram of a DS-S8 system with binary phase modulation: (a) transmitter and (b) receiver

wideband filter and is multiplied by a local replica of the PN code sequence p(t).
If p(¢) = £1 , then p?(¢) = 1, and this multiplication yields the despread signal

s(t) given by

(5.134)

2K,
s,(¢) = T m(t)cos(2nf .t +6)

-3

at the input of the demodulator. Because s,(¢) has the form of a BPSK signal,

the corresponding demodulation extracts m(%).
Figure 5.50 shows the received spectra of the desired signal and the inter-

ference at the output of the receiver wideband filter. Multiplication by the
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spreading waveform produces the spectra of Figure 5.50b at the demodulator
input. The signal bandwidth is reduced to B, while the interference energy is
spread over a bandwidth exceeding W_, . The filtering action of the demodulator
removes most of the interference spectrum that does not overlap with the signal
spectrum. Thus, most of the original interference energy is eliminated and does
not affect the receiver performance. An approximate measure of the interference
rejection capability is given by the ratio W_ /B, which is equal to the processing
gain defined as

Spectral Interference Spectral Signal
density 'S density T
& AI l
=Processing
Gain

Signal Interferenc J,

7 4

;. 8 . /A /! X
Frequency Frequency
(a) (b)
Figure 5.50

Spectra of desired received signal with interference: (a) wideband filter output and (b) correlator out-
put after despreading.

PR =m0 (5.135)

The greater the processing gain of the system, the greater will be its ability
to suppress in-band interference.

5.10.3 Frequency Hopped Spread Spectrum (FH-SS)

Frequency hopping involves a periodic change of transmission frequency. A
frequency hopping signal may be regarded as a sequence of modulated data
bursts with time-varying, pseudorandom carrier frequencies. The set of possible
carrier frequencies is called the hopset. Hopping occurs over a frequency band
that includes a number of channels. Each channel is defined as a spectral region
with a central frequency in the hopset and a bandwidth large enough to include
most of the power in a narrowband modulation burst (usually FSK) having the
corresponding carrier frequency. The bandwidth of a channel used in the hopset
is called the instantaneous bandwidth. The bandwidth of the spectrum over
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Predictive decision feedback equalizer.

6.7.2 Maximum Likelihood Sequence Estimation (MLSE) Equalizer

The MSE-based linear equalizers described previously are optimum with
respect to the eriterion of minimum probability of symbol error when the channel
does not introduce any amplitude distortion. Yet this is precisely the condition in
which an equalizer is needed for a mobile communications link. This limitation
on MSE-based equalizers led researchers to investigate optimum or nearly opti-
mum nonlinear structures. These equalizers use various forms of the classical
maximum likelihood receiver structure. Using a channel impulse response simu-
lator within the algorithm, the MLSE tests all possible data sequences (rather
than decoding each received symbol by itself), and chooses the data sequence
with the maximum probability as the output. An MLSE usually has a large com-
putational requirement, especially when the delay spread of the channel is large.
Using the MLSE as an equalizer was first proposed by Forney [For78] in which
he set up a basic MLSE estimator structure and implemented it with the Viterbi
algorithm. This algorithm, described in Section 6.15, was recognized to be a max-
imum likelihood sequence estimator (MLSE) of the state sequences of a finite
state Markov process observed in memoryless noise. It has recently been imple-
mented successfully for equalizers in mobile radio channels.

The MLSE can be viewed as a problem in estimating the state of a discrete-
time finite state machine, which in this case happens to be the radio channel
with coefficients f} , and with a channel state which at any instant of time is esti-
mated by the receiver based on the L. most recent input samples. Thus the chan-
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nel has M" states, where M is the size of the symbol alphabet of the
modulation. That is, an M* trellis is used by the receiver to model the channel
over time. The Viterbi algorithm then tracks the state of the channel by the
paths through the trellis and gives at stage k& a rank ordering of the M- most
probable sequences terminating in the most recent L. symbols.

The block diagram of a MLSE receiver based on the DFE is shown in Figure
6.10. The MLSE is optimal in the sense that it minimizes the probability of a
sequence error. The MLSE requires knowledge of the channel characteristics in
order to compute the metrics for making decisions. The MLSE also requires
knowledge of the statistical distribution of the noise corrupting the signal. Thus,
the probability distribution of the noise determines the form of the metric for
optimum demodulation of the received signal. Notice that the matched filter
operates on the continuous time signal, whereas the MLSE and channel estima-
tor rely on discretized (nonlinear) samples.

Channel Output
Estimated Data

."‘L Ma‘tched z_ﬁﬁ/ fzn! J mise SGEUE!H;EI
Filter “
isﬂ
h
Delay
T Channel
= Estimator
e
T
Figure 6.10

The structure of a maximum likelihood sequence estimator (MLSE) with an adaptive matched filter,

6.8 Algorithms for Adaptive Equalization

Since an adaptive equalizer compensates for an unknown and time-varying
channel, it requires a specific algorithm to update the equalizer coefficients and
track the channel variations. A wide range of algorithms exist to adapt the filter
coefficients. The development of adaptive algorithms is a complex undertaking,
and it is beyond the scope of this text to delve into great detail on how this is
done. Excellent references exist which treat algorithm development [Wid85],
[Hay86], [Pro91]. This section describes some practical issues regarding equal-
izer algorithm design, and outlines three of the basic algorithms for adaptive
equalization. Though the algorithms detailed in this section are derived for the
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linear, transversal equalizer, they can be extended to other equalizer structures,

including nonlinear equalizers.

The performance of an algorithm is determined by various factors which
include:

* Rate of convergence — This is defined as the number of iterations
required for the algorithm, in response to stationary inputs, to converge close
enough to the optimum solution. A fast rate of convergence allows the algo-
rithm to adapt rapidly to a stationary environment of unknown statistics.
Furthermore, it enables the algorithm to track statistical variations when
operating in a nonstationary environment.

¢ Misadjustment — For an algorithm of interest, this parameter provides a
quantitative measure of the amount by which the final value of the mean
square error, averaged over an ensemble of adaptive filters, deviates from
the optimal minimum mean square error.

* Computational complexity — This is the number of operations required
to make one complete iteration of the algorithm.

* Numerical properties — When an algorithm is implemented numerically,
inaccuracies are produced due to round-off noise and representation errors in
the computer. These kinds of errors influence the stability of the algorithm.

In practice, the cost of the computing platform, the power budget, and the
radio propagation characteristics dominate the choice of an equalizer structure
and its algorithm. In portable radio applications, battery drain at the subseriber
unit is a paramount consideration, as customer talk time needs to be maximized.
Equalizers are implemented only if they can provide sufficient link improvement
to justify the cost and power burden.

The radio channel characteristics and intended use of the subscriber equip-
ment is also key. The speed of the mobile unit determines the channel fading rate
and the Doppler spread, which is directly related to the coherence time of the
channel (see Chapter 4). The choice of algorithm, and its corresponding rate of
convergence, depends on the channel data rate and coherence time.

The maximum expected time delay spread of the channel dictates the num-
ber of taps used in the equalizer design. An equalizer can only equalize over
delay intervals less than or equal to the maximum delay within the filter struc-
ture. For example, if each delay element in an equalizer (such as the ones shown
in Figure 6.2 — Figure 6.8) offers a 10 microsecond delay, and 4 delay elements
are used to provide a 5 tap equalizer, then the maximum delay spread that could
be successfully equalized is 4 x 10ps = 40us. Transmissions with multipath
delay spread in excess of 40us could not be equalized. Since the circuit complex-
ity and processing time increases with the number of taps and delay elements, it
is important to know the maximum number of delay elements before selecting an
equalizer structure and its algorithm. The effects of channel fading are discussed
by Proakis [Pro91], with regard to the design of the U.S. digital cellular equal-
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RAKE receiver for spread spectrum CDMA, where the multipath channel pro-
vides redundancy in the transmitted message.

6.11 RAKE Receiver

In CDMA spread spectrum systems (see Chapter 5), the chip rate is typi-
cally much greater than the flat fading bandwidth of the channel. Whereas con-
ventional modulation techniques require an equalizer to undo the intersymbol
interference between adjacent symbols, CDMA spreading codes are designed to
provide very low correlation between successive chips. Thus, propagation delay
spread in the radio channel merely provides multiple versions of the transmitted
signal at the receiver. If these multipath components are delayed in time by
more than a chip duration, they appear like uncorrelated noise at a CDMA
receiver, and equalization is not required.

However, since there is useful information in the multipath components,
CDMA receivers may combine the time delayed versions of the original signal
transmission in order to improve the signal to noise ratio at the receiver. A
RAKE receiver does just this — it attempts to collect the time-shifted versions of
the original signal by providing a separate correlation receiver for each of the
multipath signals. The RAKE receiver, shown in Figure 6.16, is essentially a
diversity receiver designed specifically for CDMA, where the diversity is pro-
vided by the fact that the multipath components are practically uncorrelated
from one another when their relative propagation delays exceed a chip period.

Z
Correlator 1 —1%—

@)
9 T m'(t)
rit) —p Correlator 2 z—2¢®,—< 2 j (+)dt 2 z |+
IF or baseband %2 F 0
CDMA signal -
with multipath .
Z
Correlator M —H:@‘i
2 Y
Figure 6.16

An M-branch (M-finger) RAKE receiver implementation. Each correlator detects a time shifted ver-
sion of the original CDMA transmission, and each finger of the RAKE correlates to a portion of the
signal which is delayed by at least one chip in time from the other fingers.

A RAKE receiver utilizes multiple correlators to separately detect the M
strongest multipath components. The outputs of each correlator are weighted to
provide a better estimate of the transmitted signal than is provided by a single
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component. Demodulation and bit decisions are then based on the weighted out-
puts of the M correlators.

The basic idea of a RAKE receiver was first proposed by Price and Green
[Pri58]. In outdoor environments, the delay between multipath components is
usually large and, if the chip rate is properly selected, the low autocorrelation
properties of a CDMA spreading sequence can assure that multipath compo-
nents will appear nearly uncorrelated with each other.

Assume M correlators are used in a CDMA receiver to capture the M
strongest multipath components, A weighting network is used to provide a linear
combination of the correlator output for bit detection. Correlator 1 is synchro-
nized to the strongest multipath m, . Multipath component m, arrives t, later
than component m, . The second correlator is synchronized to m, . It correlates
strongly with m, but has low correlation with m, . Note that if only a single cor-
relator is used in the receiver (see Figure 5.52), once the output of the single cor-
relator is corrupted by fading, the receiver cannot correct the value. Bit decisions
based on only a single correlation may produce a large bit error rate. In a RAKE
receiver, if the output from one correlator is corrupted by fading, the others may
not be, and the corrupted signal may be discounted through the weighting pro-
cess. Decisions based on the combination of the M separate decision statistics
offered by the RAKE provide a form of diversity which can overcome fading and
thereby improve CDMA reception.

The M decision statistics are weighted to form an overall decision statistic
as shown in Figure 6.16. The outputs of the M correlators are denoted as
Z..Z,,.. and Z,,. They are weighted by o, a,, .. and a,, respectively. The
weighting coefficients are based on the power or the SNR from each correlator
output. If the power or SNR is small out of a particular correlator, it will be
assigned a small weighting factor. Just as in the case of a maximal ratio combin-
ing diversity scheme, the overall signal Z' is given by

M
Z= Y a.Z, (6.79)
m=1

The weighting coefficients, «,, , are normalized to the output signal power
of the correlator in such a way that the coefficients sum to unity, as shown in
equation (6.80).

7
o = (6.80)

R -
2 Zn
m=1

As in the case of adaptive equalizers and diversity combining, there are
many ways to generate the weighting coefficients. However, due to multiple
access interference, RAKE fingers with strong multipath amplitudes will not
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necessarily provide strong output after correlation. Choosing weighting coeffi-
cients based on the actual outputs of the correlators yields better RAKE perfor-

mance,

6.12 Interleaving

Interleaving is used to obtain time diversity in a digital communications
system without adding any overhead. Interleaving has become an extremely use-
ful technique in all second generation digital cellular systems, due to the rapid
proliferation of digital speech coders which transform analog voices into efficient
digital messages that are transmitted over wireless links (speech coders are pre-
sented in Chapter 7).

Because speech coders attempt to represent a wide range of voices in a uni-
form and efficient digital format, the encoded data bits (called source bits) carry a
great deal of information, and as explained in Chapters 7 and 10, some source
bits are more important than others and must be protected from errors. It is typ-
ical for many speech coders to produce several “important” bits in succession,
and it is the function of the interleaver to spread these bits out in time so that if
there is a deep fade or noise burst, the important bits from a block of source data
are not corrupted at the same time. By spreading the source bits over time, it
becomes possible to make use of error control coding (called channel coding)
which protects the source data from corruption by the channel. Since error con-
trol codes are designed to protect against channel errors that may occur ran-
domly or in a bursty manner, interleavers scramble the time order of source bits
before they are channel coded.

An interleaver can be one of two forms — a block structure or a convolu-
tional structure. A block interleaver formats the encoded data into a rectangular
array of m rows and n columns, and interleaves nm bits at a time. Usually, each
row contains a word of source data having n bits. An interleaver of degree m (or
depth m) consists of m rows. The structure of a block interleaver is shown in Fig-
ure 6.17. As seen, source bits are placed into the interleaver by sequentially
increasing the row number for each successive bit, and filling the columns. The
interleaved source data is then read out row-wise and transmitted over the chan-
nel. This has the effect of separating the original source bits by m bit periods.

At the receiver, the de-interleaver stores the received data by sequentially
increasing the row number of each successive bit, and then clocks out the data
row-wise, one word (row) at a time.

Convolutional interleavers can be used in place of block interleavers in
much the same fashion. Convolutional interleavers are ideally suited for use
with convolutional codes.

There is an inherent delay associated with an interleaver since the received
message block cannot be fully decoded until all of the nm bits arrive at the
receiver and are de-interleaved. In practice, human speech is tolerable to listen
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Tree Diagram — The tree diagram shows the structure of the encoder in
the form of a tree with the branches representing the various states and the out-
puts of the coder.

Trellis Diagram — Close observation of the tree reveals that the struc-
ture repeats itself once the number of stages is greater than the constraint
length. It is observed that all branches emanating from two nodes having the
same state are identical in the sense that they generate identical output
sequences. This means that the two nodes having the same label can be merged.
By doing this throughout the tree diagram, we can obtain another diagram
called a Trellis diagram which is a more compact representation.

6.15.1 Decoding of Convolutional Codes

The function of the decoder is to estimate the encoded input information
using a rule or method that results in the minimum possible number of errors.
There is a one-to-one correspondence between the information sequence and the
code sequence. Further, any information and code sequence pair is uniquely
associated with a path through the trellis. Thus, the job of the convolutional
decoder is to estimate the path through the trellis that was followed by the

encoder.

There are a number of techniques for decoding convolutional codes. The
most important of these methods is the Viterbi algorithm which performs maxi-
mum likelihood decoding of convolutional codes. The algorithm was first
described by A.J. Viterbi [Vit67], [For78)]. Both hard and soft decision decoding
can be implemented for convolutional codes. Soft decision decoding is superior by
about 2-3 dB.

6.15.1.1 The Viterbi Algorithm

The Viterbi algorithm can be described as follows:

Let the trellis node corresponding to state S; at time i be denoted S, ;.
Each node in the trellis is to be assigned a value V(S ;1) based on a metric. The
node values are computed in the following manner.

1 SetV(S,,) =0andi=1.

2 At time i, compute the partial path metrics for all paths entering each node.

3 Set V(S;,) equal to the smallest partial path metric entering the node cor-
responding to state S ; at time i, Ties can be broken by previous node choos-
ing a path randomly. The nonsurviving branches are deleted from the trellis.
In this manner, a group of minimum paths is created from So.0-

4 Ifi<L+m,where L is the number of input code segments (k bits for each
segment) and m is the length of the longest shift register in the encoder, let
i = i+1 and go back to step 2.
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Once all node values have been computed, start at state S,, time
i = L+ m, and follow the surviving branches backward through the trellis. The
path thus defined is unique and corresponds to the decoded output. When hard
decision decoding is performed, the metric used is the Hamming distance, while
the Euclidean distance is used for soft decision decoding.

6.15.1.2 Other Decoding Algorithms for Convolutional Codes

Fano’s Sequential Decoding

Fano's algorithm searches for the most probable path through the trellis by
examining one path at a time [Fan63]. The increment added to the metric along
each branch is proportional to the probability of the received signal for that
branch, as in Viterbi decoding, with the exception that an additional negative
constant is added to each branch metric. The value of this constant is selected
such that the metric for the correct path will increase on the average while the
metric for any incorrect path will decrease on the average. By comparing the
metric of a candidate path with an increasing threshold, the algorithm detects
and discards incorrect paths. The error rate performance of the Fano algorithm
is comparable to that of Viterbi decoding. However, in comparison to Viterbi
decoding, sequential decoding has a significantly larger delay. It's advantages
over Viterbi decoding is that it requires less storage, and thus codes with larger
constraint lengths can be employed.

The Stack Algorithm

In contrast to the Viterbi algorithm which keeps track of 2 =1k paths and
their corresponding metrics, the stack algorithm deals with fewer paths and
their corresponding metrics. In a stack algorithm, the more probable paths are
ordered according to their metrics, with the path at the top of the stack having
the largest metric. At each step of the algorithm, only the path at the top of the
stack is extended by one branch. This yields 2" successors and their metrics.
These 2" successors along with the other paths are then reordered according to
the values of the metrics, and all paths with metrics that fall below some prese-
lected amount from the metric of the top path may be discarded. Then the pro-
cess of extending the path with the largest metric is repeated. In comparison
with Viterbi decoding, the stack algorithm requires fewer metric calculations,
but this computational savings is offset to a large extent by the computations
invelved in reordering the stack after every iteration. In comparison with the
Fano algorithm, the stack algorithm is computationally simpler since there is no
retracing over the same path, but on the other hand, the stack algorithm
requires more storage than the Fano algorithm.

Feedback Decoding

Here, the decoder makes a hard decision on the information bit at stage j
based on the metrics computed from stage j to stage j + m, where m is a prese-
lected positive integer. Thus the decision on whether the information bit was a 1
or a 0 depends on whether the minimum Hamming distance path which begins

)
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encoded according to some perceptual criteria for each band, and hence the
quantization noise can be contained within bands and prevented from creating
harmonic distortions outside the band. These schemes have the advantage that
the number of bits used to encode each frequency component can be dynamically
varied and shared among the different bands.

Many frequency domain coding algorithms, ranging from simple to complex
are available. The most common types of frequency domain coding include sub-
band coding (SBC) and block transform coding. While a sub-band coder divides
the speech signal into many smaller sub-bands and encodes each sub-band sepa-
rately according to some perceptual criterion, a transform coder codes the short-
time transform of a windowed sequence of samples and encodes them with num-
ber of bits proportional to its perceptual significance.

7.5.1 Sub-band Coding

Sub-band coding can be thought of as a method of controlling and distribut-
ing quantization noise across the signal spectrum. Quantization is a nonlinear
operation which produces distortion products that are typically broad in spec-
trum. The human ear does not detect the quantization distortion at all frequen-
cies equally well. It is therefore possible to achieve substantial improvement in
quality by coding the signal in narrower bands. In a sub-band coder, speech is
typically divided into four or eight sub-bands by a bank of filters, and each sub-
band is sampled at a bandpass Nyquist rate (which is lower than the original
sampling rate) and encoded with different accuracy in accordance to a perceptual
criteria, Band-splitting can be done in many ways. One approach could be to
divide the entire speech band into unequal sub-bands that contribute equally to
the articulation index. One partitioning of the speech band according to this
method as suggested by Crochiere, et al, [Cro76] is given below.

Sub-band Number Frequency Range
1 200-700 Hz
2 700-1310 Hz
3 1310-2020 Hz
4 2020-3200 Hz

Another way to split the speech band would be to divide it into equal width
sub-bands and assign to each sub-band number of bits proportional to perceptual
significance while encoding them. Instead of partitioning into equal width bands,
octave band splitting is often employed. As the human ear has an exponentially
decreasing sensitivity to frequency, this kind of splitting is more in tune with the
perception process,

There are various methods for processing the sub-band signals. One obvi-
ous way is to make a low pass translation of the sub-band signal to zero fre-
quency by a modulation process equivalent to single sideband modulation. This
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kind of translation facilitates sampling rate reduction and possesses other bene-
fits that accrue from coding low-pass signals. Figure 7.4 shows a simple means of
achieving this low pass translation. The input signal is filtered with a bandpass
filter of width w, for the n th band. w, is the lower edge of the band and w,, is
the upper edge of the band. The resulting signal s, (t) is modulated by a cosine
wave cos(w,,t), and filtered using a low pass filter A, (t) with bandwidth
(0—w,) . The resulting signal r_(¢) corresponds to the low pass translated ver-
sion of 5, (t) and can be expressed as

r.(t) = [s,(t)cos (w,,t)] ®A, (1) (7.10)
where & denotes a convolution operation. The signal r, (¢) is sampled at a rate
2w, . This signal is then digitally encoded and multiplexed with encoded signals
from other channels as shown in Figure 7.4. At the receiver the data is demulti-
plexed into separate channels, decoded, and bandpass translated to give the esti-
mate of r_ (£) for the n th channel.

The low pass translation technique is straightforward and takes advantage
of a bank of nonoverlapping bandpass filters. Unfortunately, unless we use
sophisticated bandpass filters, this approach will lead to perceptible aliasing
effects. Estaban and Galand proposed [Est77] a scheme which avoids this incon-
venience even with quasiperfect, sub-band splitting. Filter banks known as
quadrature mirror filters (QMF) are used to achieve this. By designing a set of
mirror filters which satisfy certain symmetry conditions, it is possible to obtain
perfect alias cancellation. This facilitates the implementation of sub-band coding
without the use of very high order filters. This is particularly attractive for real
time implementation as a reduced filter order means a reduced computational
load and also a reduced latency.

Sub-band coding can be used for coding speech at bit rates in the range 9.6
kbps to 32 kbps. In this range, speech quality is roughly equivalent to that of
ADPCM at an equivalent bit rate. In addition, its complexity and relative speech
quality at low bit rates make it particularly advantageous for coding below about
16 kbps. However, the increased complexity of sub-band coding when compared
to other higher bit rate techniques does not warrant its use at bit rates greater
than about 20 kbps. The CD-900 cellular telephone system uses sub-band coding
for speech compression.

Example 7.3
Consider a sub-band coding scheme where the speech bandwidth is partitioned
into 4 bands. Table below gives the corner frequencies of each band along with
the number of bits used to encode each band. Assuming that no side informa-
tion need be transmitted, compute the minimum encoding rate of this SBC
coder.
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Block diagram of a sub-band coder and decoder,

Sub-band Number |[Frequency Band (Hz){ # of Encoding Bits
1 225 - 450 4
2 450 - 900
3 1000 - 1500 2
4 1800 - 2700 1

Solution to Example 7.3

Given:
Number of sub-bands =N = 4
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Therefore, gross channel bit rate = 335/ (20 x 104} = 16.75 kbps.

7.9 The GSM Codec

The speech coder used in the pan-European digital cellular standard GSM
goes by a rather grandiose name of regular pulse excited long term prediction
(RPE-LTP) codec. This codec has a net bit rate of 13 kbps and was chosen after
conducting exhaustive subjective tests [Col89] on various competing codecs.

The RPE-LTP codec [Var88] combines the advantages of the earlier French
proposed baseband RELP codec with those of the multi-pulse excited long-term
prediction (MPE-LTP) codec proposed by Germany. The advantage of the base
band RELP codec is that it provides good quality speech at low complexity. The
speech quality of a RELP codec is, however, limited due to the tonal noise intro-
duced by the process of high frequency regeneration and by the bit errors intro-
duced during transmission. The MPE-LTP technique, on the other hand,
produces excellent speech quality at high complexity and is not much affected by
bit errors in the channel. By modifying the RELP codec to incorporate certain
features of the MPE-LTP codec, the net bit rate was reduced from 14.77 kbps to
13.0 kbps without loss of quality. The most important modification was the addi-
tion of a long-term prediction loop.

The GSM codec is relatively complex and power hungry. Figure 7.10 shows
a block diagram of the speech encoder [Ste94]. The encoder is comprised of four
major processing blocks. The speech sequence is first pre-emphasized, ordered
into segments of 20 ms duration, and then Hamming-windowed. This is followed
by short-term prediction (STP) filtering analysis where the logarithmic area
ratios (LAR's) of the reflection coefficients r, (k) (8 in number) are computed.
The 8 LAR parameters have different dynamic ranges and probability distribu-
tion functions, and hence all of them are not encoded with the same number of
bits for transmission. The LAR parameters are also decoded by the LPC inverse
filter so as to minimize the error e_ .

LTP analysis which involves finding the pitch period p, and gain factor g,
is then carried out such that the LTP residual r,, is minimized. To minimize r, ,
pitch extraction is done by the LTP by determining that value of delay, D, which
maximizes the crosscorrelation between the current STP error sample, e, and a
previous error sample e, ;. The extracted pitch p, and gain g, are transmitted
and encoded at a rate of 3.6 kbps. The LTP residual, r, , is weighted and decom-
posed into three candidate excitation sequences. The energies of these sequences
are identified, and the one with the highest energy is selected to represent the
LTP residual. The pulses in the excitation sequence are normalized to the high-
est amplitude, quantized, and transmitted at a rate of 9.6 kbps.

Figure 7.11 shows a block diagram of the GSM speech decoder [Ste94]. It
consists of four blocks which perform operations complementary to those of the
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Block diagram of GSM speech encoder,

encoder. The received excitation parameters are RPE decoded and passed to the
LTP synthesis filter which uses the pitch and gain parameter to synthesize the
long-term signal. Short-term synthesis is carried out using the received reflec-
tion coefficients to recreate the original speech signal.
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Figure 7.11

Block diagram of GSM speech decoder.

Every 260 bits of the coder output (i.e. 20 ms blocks of speech) are ordered,
depending on their importance, into groups of 50, 132, and 78 bits each. The bits
in the first group are very important bits called type Ia bits. The next 132 bits
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are important bits called Ib bits, and the last 78 bits are called type II bits. Since
type Ia bits are the ones which effect speech quality the most, they have error
detection CRC bits added. Both Ia and Ib bits are convolutionally encoded for for-
ward error correction. The least significant type 1l bits have no error correction
or detection.

7.10 The USDC Codec

The U.S. digital cellular system (IS-54) uses a vector sum excited linear
predictive coder (VSELP). This coder operates at a raw data rate of 7950 bits/s
and a total data rate of 13 kbps after channel coding. The VSELP coder was
developed by a consortium of companies, and the Motorola implementation was
selected as the speech coding standard after extensive testing.

The VSELP speech coder is a variant of the CELP type vocoders [Ger90].
This coder was designed to accomplish the three goals of highest speech quality,
modest computational complexity, and robustness to channel errors. The code
books in the VSELP encoder are organized with a predefined structure such that
a brute-force search is avoided. This significantly reduces the time required for
the optimum code word search. These code books also impart high speech quality
and increased robustness to channel errors while maintaining modest complex-
ity.

Figure 7.12 shows a block diagram of a VSELP encoder. The 8 kbps VSELP
codec utilizes three excitation sources. One is from the long-term (“pitch”) predic-
tor state, or adaptive code book. The second and third sources are from the two
VSELP excitation code books. Each of these VSELP code books contain the
equivalent of 128 vectors. These three excitation sequences are multiplied by
their corresponding gain terms and summed to give the combined excitation
sequence. After each subframe the combined excitation sequence is used to
update the long-term filter state (adaptive code book). The synthesis filter is a
direct form 10th order LPC all pole-filter. The LPC coefficients are coded once per
90 ms frame and updated in each 5 ms subframe. The number of samples in a
subframe is 40 at an 8 kHz sampling rate. The decoder is shown in Figure 7.13.

7.11 Performance Evaluation of Speech Coders

There are two approaches to evaluating the performance of a speech coder
in terms of its ability to preserve the signal quality [Jay84]. Objective measures
have the general nature of a signal-to-noise ratio and provide a quantitative
value of how well the reconstructed speech approximates the original speech.
Mean square error (MSE) distortion, frequency weighted MSE, and segmented
SNR, articulation index are examples of objective measures. While objective
measures are useful in initial design and simulation of coding systems, they do
not necessarily give an indication of speech quality as perceived by the human
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instantaneous bandwidth of any one transmission burst is much smaller than
the total spread bandwidth. The pseudorandom change of the carrier frequencies
of the user randomizes the occupancy of a specific channel at any given time,
thereby allowing for multiple access over a wide range of frequencies. In the FH
receiver, a locally generated PN code is used to synchronize the receivers instan-
taneous frequency with that of the transmitter. At any given point in time, a fre-
quency hopped signal only occupies a single, relatively narrow channel since
narrowband FM or FSK is used. The difference between FHMA and a traditional
FDMA system is that the frequency hopped signal changes channels at rapid
intervals. If the rate of change of the carrier frequency is greater than the sym-
bol rate then the system is referred to as a fast frequency hopping system. If the
channel changes at a rate less than or equal to the symbol rate, it is called slow
frequency hopping. A fast frequency hopper may thus be thought of as an FDMA
system which employs frequency diversity. FHMA systems often employ energy
efficient constant envelope modulation. Inexpensive receivers may be built to
provide noncoherent detection of FHMA. This implies that linearity is not an
issue, and the power of multiple users at the receiver does not degrade FHMA
performance.

A frequency hopped system provides a level of security, especially when a
large number of channels are used, since an unintended (or an intercepting)
receiver that does not know the pseudorandom sequence of frequency slots must
retune rapidly to search for the signal it wishes to intercept. In addition, the FH
signal is somewhat immune to fading, since error control coding and interleaving
can be used to protect the frequency hopped signal against deep fades which may
occasionally occur during the hopping sequence. Error control coding and inter-
leaving can also be combined to guard against erasures which can occur when
two or more users transmit on the same channel at the same time.

8.4.2 Code Division Multiple Access (CDMA)

In code division multiple access (CDMA) systems, the narrowband message
signal is multiplied by a very large bandwidth signal called the spreading signal.
The spreading signal is a pseudo-noise code sequence that has a chip rate which
is orders of magnitudes greater than the data rate of the message. All usersin a
CDMA system, as seen from Figure 8.5, use the same carrier frequency and may
transmit simultaneously. Each user has its own pseudorandom codeword which
is approximately orthogonal to all other codewords. The receiver performs a time
correlation operation to detect only the specific desired codeword. All other code-
words appear as noise due to decorrelation. For detection of the message signal,
the receiver needs to know the codeword used by the transmitter. Each user
operates independently with no knowledge of the other users.

In CDMA, the power of multiple users at a receiver determines the noise
floor after decorrelation. If the power of each user within a cell is not controlled
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Figure 8.5
CDMA in which each channel is assigned a unique PN code which is erthogonal to PN codes used by

other users.

such that they do not appear equal at the base station receiver, then the near-far
problem occurs.

The near-far problem occurs when many mobile users share the same chan-
nel. In general, the strongest received mobile signal will capture the demodula-
tor at a base station. In CDMA, stronger received signal levels raise the noise
floor at the base station demodulators for the weaker signals, thereby decreasing
the probability that weaker signals will be received. To combat the near-far prob-
lem, power control is used in most CDMA implementations. Power control is pro-
vided by each base station in a cellular system and assures that each mobile
within the base station coverage area provides the same signal level to the base
station receiver. This solves the problem of a nearby subseriber overpowering the
base station receiver and drowning out the signals of far away subscribers.
Power control is implemented at the base station by rapidly sampling the radio
signal strength indicator (RSSI) levels of each mobile and then sending a power
change command over the forward radio link. Despite the use of power control
within each cell, out-of-cell mobiles provide interference which is not under the
control of the receiving base station. The features of CDMA including the follow-
ing:

* Many users of a CDMA system share the same frequency. Either TDD or
FDD may be used.
* Unlike TDMA or FDMA, CDMA has a soft capacity limit. Increasing the
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number of users in a CDMA system raises the noise floor in a linear manner.
Thus, there is no absolute limit on the number of users in CDMA. Rather,
the system performance gradually degrades for all users as the number of
users is increased, and improves as the number of users is decreased.

* Multipath fading may be substantially reduced because the signal is spread
over a large spectrum. If the spread spectrum bandwidth is greater than the
coherence bandwidth of the channel, the inherent frequency diversity will
mitigate the effects of small-scale fading,

¢ Channel data rates are very high in CDMA systems. Consequently, the sym-
bol (chip) duration is very short and usually much less than the channel
delay spread. Since PN sequences have low autocorrelation, multipath which
is delayed by more than a chip will appear as noise. A RAKE receiver can be
used to improve reception by collecting time delayed versions of the required
signal.

e Since CDMA uses co-channel cells, it can use macroscopic spatial diversity to
provide soft handoff. Soft handoff is performed by the MSC, which can simul-
taneously monitor a particular user from two or more base stations. The
MSC may chose the best version of the signal at any time without switching
frequencies.

* Self-jamming is a problem in CDMA system. Selfjamming arises from the
fact that the spreading sequences of different users are not exactly orthogo-
nal, hence in the despreading of a particular PN code, non-zero contributions
to the receiver decision statistic for a desired user arise from the transmis-
sions of other users in the system.

* The near-far problem occurs at a CDMA receiver if an undesired user has a
high detected power as compared to the desired user.

8.4.3 Hybrid Spread Spectrum Techniques

In addition to the frequency hopped and direct sequence, spread spectrum
multiple access techniques, there are certain other hybrid combinations that pro-
vide certain advantages. These hybrid techniques are described below.

Hybrid FDMA/CDMA (FCDMA) — This technique can be used as an
alternative to the DS-CDMA techniques discussed above. Figure 8.6 shows the
spectrum of this hybrid scheme. The available wideband spectrum is divided into
a number of subspectras with smaller bandwidths. Each of these smaller sub-
channels becomes a narrowband CDMA system having processing gain lower
than the original CDMA system. This hybrid system has an advantage in that
the required bandwidth need not be contiguous and different users can be allot-
ted different subspectrum bandwidths depending on their requirements. The
capacity of this FDMA/CDMA technique is calculated as the sum of the capaci-
ties of a system operating in the subspectra [Eng93].
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Figure 8.6
Spectrum of wideband CDMA compared to the spectrum of a hybrid, frequency division, direct se-

quence multiple access.

Hybrid Direct Sequence/Frequency Hopped Multiple Access (DS/
FHMA) — This technique consists of a direct sequence modulated signal whose
center frequency is made to hop periodically in a pseudorandom fashion. Figure
8.7 shows the frequency spectrum of such a signal [Dix94]. Direct sequence, fre-
quency hopped systems have an advantage in that they avoid the near-far effect.
However, frequency hopped CDMA systems are not adaptable to the soft handoff
process since it is difficult to synchronize the frequency hopped base station
receiver to the multiple hopped signals.

Burst transmission
Alternate channels

i fiis chimgiel that may be used for other

bursts

Figure 8.7
Frequency spectrum of a hybrid FH/DS system.

Time Division CDMA (TCDMA) — In a TCDMA (also called TDMA/
CDMA) system, different spreading codes are assigned to different cells. Within
each cell, only one user per cell is allotted a particular time slot. Thus at any
time, only one CDMA user is transmitting in each cell. When a handoff takes
place, the spreading code of the user is changed to that of the new cell. Using
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the same time, collision is detected, and the transmission is immediate]y
aborted in midstream. This is handled by a user having both a transmitter
and receiver which is able to support listen-while-talk operation. For a single
radio channel, this is done by interrupting the transmission in order to sense
the channel. For duplex systems, a full duplex transceiver is used [Lam80].

* Data sense multiple access (DSMA) — DSMA is a special type of CSMA
that relies on successfully demodulating a forward control channel before
broadcasting data back on a reverse channel. Each user attempts to detect a
busy-idle message which is interspersed on the forward control channel.
When the busy-idle message indicates that no users are transmitting on the
reverse channel, a user is free to send a packet. This technique is used in the
cellular digital packet data (CDPD) cellular network described in Chapter 9.

8.6.3 Reservation Protocols

8.6.3.1 Reservation ALOHA

Reservation ALOHA is a packet access scheme based on time division mul-
tiplexing. In this protocol, certain packet slots are assigned with priority, and it
1s possible for users to reserve slots for the transmission of packets. Slots can be
permanently reserved or can be reserved on request. For high traffic conditions,
reservations on request offers better throughput. In one type of reservation
ALOHA, the terminal making a successful transmission reserves a slot perma-
nently until its transmission is complete, although very large duration transmis-
sions may be interrupted. Another scheme allows a user to transmit a request on
a subslot which is reserved in each frame. If the transmission is successful (i.e,
no collisions are detected), the terminal is allocated the next regular slot in the
frame for data transmission [Tan81].

8.6.3.2 Packet Reservation Multiple Access (PRMA)

PRMA uses a discrete packet time technique similar to reservation ALOHA
and combines the cyclical frame structure of TDMA in a manner that allows each
TDMA time slot to carry either voice or data, where voice is given priority. PRMA
was proposed in [Goo89] as a means of integrating bursty data and human
speech. PRMA defines a frame structure, much like is used in TDMA systems.
Within each frame, there are a fixed number of time slots which may be desig-
nated as either “reserved” or “available”, depending on the traffic as determined
by the controlling base station. PRMA is discussed in Chapter 9.

8.6.4 Capture Effect in Packet Radio

Packet radio multiple access techniques are based on contention within a
channel. When used with FM or spread spectrum modulation, it is possible for
the strongest user to successfully capture the intended receiver, even when many
other users are also transmitting. Often, the closest transmitter is able to cap-
ture a receiver because of the small propagation path loss. This is called the
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near-far effect. The capture effect offers both advantages and disadvantages in
practical systems. Because a particular transmitter may capture an intended
receiver, many packets may survive despite collision on the channel. However, a
strong transmitter may make it impossible for the receiver to detect a much
weaker transmitter which is attempting to communicate to the same receiver.
This problem is known as the hidden transmitter problem.

A useful parameter in analyzing the capture effects in packet radio proto-
cols is the minimum power ratio of an arriving packet, relative to the other col-
liding packets, such that it is received. This ratio is called the capture ratio, and
is dependent upon the receiver and the modulation used.

In summary, packet radio techniques support mobile transmitters sending
bursty traffic in the form of data packets using random access. Ideal channel
throughput can be increased if terminals synchronize their packet transmissions
into common time slots, such that the risk of partial packet overlap is avoided.
With high traffic loads, both unslotted and slotted ALOHA protocols become inef-
ficient, since the contention between all transmitted packets exposes most of the
offered traffic to collisions, and thus results in multiple retransmissions and
increased delays. To reduce this situation CSMA can be used where the trans-
mitter first listens either to the common radio channel or to a separate dedicated
acknowledgment control channel from the base station. In a real world mobile
system, the CSMA protocols may fail to detect ongoing radio transmissions of
packets subject to deep fading on the reverse channel path. Utilization of an
ALOHA channel can be improved by deliberately introducing differences
between the transmit powers of multiple users competing for the base station
receiver. The Table 8.2 below shows the multiple access techniques which should
be used for different types of traffic conditions.

Table 8.2 Multiple Access Techniques for Different Traffic Types
Type of Traffic Multiple Access Technique

Bursty, short messages Contention protocols

Bursty, long messages, large number of  |Reservation Protocols
users

Bursty, long messages, small number of |Reservation protocols with fixed
users TDMA reservation channel

Stream or deterministic (voice) FDMA, TDMA, CDMA

8.7 Capacity of Cellular Systems

Channel capacity for a radio system can be defined as the maximum num-
ber of channels or users that can be provided in a fixed frequency band. Radio
capacity is a parameter which measures spectrum efficiency of a wireless sys-
tem. This parameter is determined by the required carrier-to-interference ratio
(C/I) and the channel bandwidth B, .
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GSM operations from speech input to speech output.

Speech Coding — The GSM speech coder is based on the Residually
Excited Linear Predictive Coder (RELP), which is enhanced by including a Long-
Term Predictor (LTP) [Hel89]. The coder provides 260 bits for each 20 ms blocks
of speech, which yields a bit rate of 13 kbps. This speech coder was selected after
extensive subjective evaluation of various candidate coders available in the late
1980s. Provisions for incorporating half-rate coders are included in the specifica-
tions.

The GSM speech coder takes advantage of the fact that in a normal conver-
sation, each person speaks on average for less than 40% of the time. By incorpo-
rating a voice activity detector (VAD) in the speech coder, GSM systems operate
in a discontinuous transmission mode (DTX) which provides a longer subscriber
battery life and reduces instantaneous radio interference since the GSM trans-
mitter is not active during silent periods. A comfort noise subsystem (CNS) at
the receiving end introduces a background acoustic noise to compensate for the
annoying switched muting which oceurs due to DTX.

TCH/FS, SACCH, and FACCH Channel Coding — The output bits of
the speech coder are ordered into groups for error protection, based upon their
significance in contributing to speech quality. Qut of the total 260 bits in a frame,
the most important 50 bits, called type Ia bits, have 3 parity check (CRC) bits
added to them. This facilitates the detection of non-correctable errors at the
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receiver. The next 132 bits along with the first 53 (50 type Ia bits + 3 parity bits)
are reordered and appended by 4 trailing zero bits, thus providing a data block of
189 bits. This block is then encoded for error protection using a rate 1/2 convolu-
tional encoder with constraint length K = 5, thus providing a sequence of 378
bits. The least important 78 bits do not have any error protection and are concat-
enated to the existing sequence to form a block of 456 bits in a 20 ms frame. The
error protection coding scheme increases the gross data rate of the GSM speech
signal, with channel coding, to 22.8 kbps. This error protection scheme as
described is illustrated in Figure 10.12.

Type la Type Ib Type I1
5yop bits 1§5 bits 78 bits
Panty / '
check /
I v
50 3 132 4
i
/
/ Convolutional Code
rate 1/2, constraint length 5
i v
378 78

le——— 456 bits per 20ms speech frame |

Figure 10.12
Error protection for speech signals in GSM.

Channel Coding for Data Channels — The coding provided for GSM full
rate data channels (TCH/F9.6) is based on handling 60 bits of user data at 5ms
intervals, in accordance with the modified CCITT V.110 modem standard. As
described by Stallings [Ste92] (Chapter 8), 240 bits of user data are applied with
4 tailing bits to a half-rate punctured convolutional coder with constraint length
K = 5. The resulting 488 coded bits are reduced to 456 encoded data bits
through puncturing (32 bits are not transmitted), and the data is separated into
four 114 bit data bursts that are applied in an interleaved fashion to consecutive
time slots.

Channel Coding for Control Channels — GSM control channel mes-
sages are defined to be 184 bits long, and are encoded using a shortened binary
cyclic fire code, followed by a half-rate convolutional coder.

The fire code uses the generator polynomial

23 i 8 0 26, 23 17, 3
Gi(x) = (x" +1)(x +x +1) =x +x +x +x +x"+]
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bps. The paging channel is used to send control information and paging mes-
sages from the base station to the mobiles and operates at 9600, 4800, and 2400
bps. The forward traffic channel (FTC) supports variable user data rates at 9600,
4800, 2400, or 1200 bps.

The forward traffic channel modulation process is described in Figure 10,14
[EIA90]. Data on the forward traffic channel is grouped into 20 ms frames. The
user data is first convolutionally coded and then formatted and interleaved to
adjust for the actual user data rate, which may vary. Then the signal is spread
with a Walsh code and a long PN sequence at a rate of 1.2288 Mcps. Table 10.4
lists the coding and repetition parameters for the forward traffic channel.

Table 10.4 1S-95 Forward traffic channel modulation parameters summary (does not
reflect new 13.4 kbps coder)

Parameter Data Rate (bps)
User data rate 9600 | 4800 | 2400 | 1200
Coding Rate 1/2 1/2 1/2 1/2
User Data Repetition Period |1 2 4 8

Baseband Coded Data Rate 19,200 |19,200 |19,200 |19,200
PN Chips/Coded Data Bit 64 64 64 64

PN Chip Rate (Mcps) 1.2288 |1.2288 |1.2288 |1.2288
PN Chips/Bit 128 [256 512 |1024

The speech data rate applied to the transmitter is variable over the range of
1200 bps to 9600 bps.

10.4.2.1 Convolutional Encoder and Repetition Circuit

Speech coded voice or user data are encoded using a half-rate convolutional
encoder with constraint length 9. The encoding process is deseribed by generator
vectors G, and G, which are 753 (octal) and 561 (octal), respectively.

The speech encoder exploits pauses and gaps in speech, and reduces its
output from 9600 bps to 1200 bps during silent periods. In order to keep a
constant baseband symbol rate of 19.2 kbps, whenever the user rate is less than
9600 bps, each symbol from the convolution encoder is repeated before block
interleaving. If the information rate is 4800 bps, each code symbol is repeated 1
time. If the information rate is 2400 bps or 1200 bps, each code symbol is
repeated 3 or 7 times, respectively. The repetition results in a constant coded
rate of 19,200 symbols per second for all possible information data rates.

10.4.2.2 Block Interleaver
After convolution coding and repetition, symbols are sent to a 20ms block

interleaver, which is a 24 by 16 array.
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Each row in the 64 by 64 Walsh function matrix corresponds to a channel
number. For channel number n, the symbols in the transmitter are spread by the
sixty-four Walsh chips in the nth row of the Walsh function matrix. Channel
number 0 is always assigned to the pilot channel. Since Channel 0 represents
Walsh code 0, which is the all zeros code, then the pilot channel is nothing more
than a “blank” Walsh code and thus consists only of the quadrature PN
spreading code. The synchronization channel is vital to the IS-95 system and is
assigned channel number 32. If paging channels are present, they are assigned
to the lowest code channel numbers. All remaining channels are available for
forward traffic channels.

10.4.2.7 Quadrature Modulation
After the orthogonal covering, symbols are spread in quadrature as shown
in Figure 10.14. A short binary spreading sequence, with a period of 2'°-1 chips,
is used for easy acquisition and synchronization at each mobile receiver and is
used for modulation. This short spreading sequence is called the pilot PN
sequence, and it is based on the following characteristic polynomials:
Prx) =2 +x8 429 + 28 427 445+ 1
for the in-phase (I) modulation and
Py(x) = 210 4 12 4 21l 4 10 4 o
for the quadrature (@) modulation.
Based on the characteristic polynomials, the pilot PN sequences i(n) and

g(n) are generated by the following linear recursions:

6rx®+atsadal

iln)=iln-15) @ i(n-10) @ i(n-8) @ iln-T)@ i(n-6)@® i(n-2)
and,

g(n) = g(n-15) @ q(n-13) & q(n-11) & q(n-10) & q(n-9& qn-5)® g(n-4)
@ q(n-3)

where the in-phase and quadrature PN codes are used respectively, and &
represents modulo-2 addition. A 0’ is inserted in each sequence after the
contiguous succession of fourteen ‘0’s to generate pilot PN sequences of length
915 The initial state of both I and @ pilot PN sequences is defined as the state in
which the output of the pilot PN sequence generator is the first ‘1’ output
following fifteen consecutive ‘0’ outputs. The chip rates for the pilot PN
sequences are 1.2288 Mcps. The binary I and @ outputs of the guadrature
spreading are mapped into phase according to Table 10.5.

10.4.3 Reverse CDMA Channel

The reverse traffic channel modulation process is shown in Figure 10.17.
User data on the reverse channel are grouped into 20 ms frames. All data
transmitted on the reverse channel are convolutionally encoded, block
interleaved, modulated by a 64-ary orthogonal modulation, and spread prior to
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10.4.3.1 Convolutional Encoder and Symbol Repetition

The convolutional coder used in the reverse traffic channel is rate 1/3 and
constraint length 9. The three generator vectors gy, gy, and gy are 557 (octal),
663 (octal), and 771 (octal), respectively.

Coded bits after the convolutional encoder are repeated before interleaving
when the data rate is less than 9600 bps. This is identical to the method used on
the forward channel. After repetition, the symbol rate out of the coder is fixed at

28,800 bps.

10.4.3.2 Block Interleaver

Block interleaving is performed following convolutional encoding and
repetition. The block interleaver spans 20 ms, and is an array with 32 rows and
18 columns. Code symbols are written into the matrix by columns and read out

by rows.

10.4.3.3 Orthogonal Modulation
A 64-ary orthogonal modulation is used for the reverse CDMA channel. One

of sixty-four possible Walsh funections is transmitted for each group of six coded
bits. Within a Walsh function, sixty-four Walsh chips are transmitted. The par-
ticular Walsh function is selected according to the following formula:

Walsh function number = ¢( + 2¢1+ 4cg + 8cg + 16¢4 + 32¢5,
where c; represents the last coded bit and ¢ represents the first coded bit of each
group of six coded symbols that are used to select a Walsh function. Walsh chips
are transmitted at a rate of 307.2 kcps as shown in equation (10.1)

28.8 kbps x (64 Walsh chips) / (6 coded bits) = 307.2 kbps (10.1)
Note that Walsh functions are used for different purposes on the forward and
reverse channels. On the forward channel, Walsh functions are used for spread-
ing to denote a particular user channel, while on the reverse channel, Walsh
functions are used for data modulation.

10.4.3.4 Variable Data Rate Transmission

Variable rate data are sent on the reverse CDMA channel. Code symbol
repetition introduces redundancy when the data rate is less than 9600 bps. A
data randomizer is used to transmit certain bits while turning the transmitter
off at other times. When the data rate is 9600 bps, all interleaver output bits are
transmitted. When the data rate is 4800 bps, half of the interleaver output bits
are transmitted, and the mobile unit does not transmit 50% of the time, and so
forth (see Table 10.6). Figure 10.18 illustrates the process under different data
rates [EIA92]. Data in each 20 ms frame are divided into sixteen power control
groups, each with period 1.25 ms. Some power control groups are gated-on, while
others are gated-off. The data burst randomizer ensures that every repeated
code symbol is transmitted exactly once. During the gate-off process, the mobile
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speech and channel coding per user. A new half-rate speech and channel coding
standard will support six users per 20 ms frame.

PDC is allocated 80 MHz in Japan. The low PDC band uses 130 MHz for-
ward/reverse channel splits. The forward band uses 940 MHz to 956 MHz and
the reverse band 810 MHz to 826 MHz. The high PDC band uses 48 MHz chan-
nel splits and operates in 1477 MHz to 1501 MHz for the forward link and 1429
MHz to 1453 MHz for the reverse link. PDC uses mobile assisted handoff
(MAHO) and is able to support 4-cell reuse.

10.9 Personal Handyphone System (PHS)

The Personal Handyphone System (PHS) is a Japanese air interface stan-
dard developed by the Research and Development Center for Radio Systems
(RCR). The PHS network interface was specified by the Telecommunications
Technical Committee of Japan [Per93].

The PHS standard, like DECT and PACS-UB, uses TDMA and TDD. Four
duplex data channels are provided on each radio channel. /4 DQPSK modula-
tion at a channel rate of 384 kbps is used on both forward and reverse links.
Each TDMA frame is 5 ms in duration, and 32 kbps ADPCM is used in conjunc-
tion with CRC error detection (without correction).

PHS supports seventy-seven radio channels, each 300 kHz wide, in the
1895 MHz to 1918.1 MHz band. Forty channels in the 1906.1 MHz to 1918.1
MHz are designated for public systems, and the other thirty-seven channels are
used for home or office use in the 1895 MHz to 1906.1 MHz band.

PHS uses dynamic channel assignment, so base stations are able to allocate
channels based on the RF (interference) signal strength seen at both the base
and portable. PHS uses dedicated control channels (unlike DECT) which all sub-
scribers lock to while idle. Handoffs are supported only at walking speeds, as
PHS is designed for microcell/indoor PCS use [Oga94].

10.10 U.S. PCS and ISM Bands

In the mid 1980s, the Federal Communications Commission provided unli-
censed radio spectrum in the Industrial, Scientific and Medical (ISM) bands of
902 MHz to 928 MHz, 2400 MHz to 2483.5 MHz, and 5725 MHz to 5850 MHz. As
long as radio transmitters use spread spectrum modulation and power levels
below 1W, they may share ISM spectrum on a secondary basis. Part 15 of the
FCC rules govern the use of unlicensed transmitters in the ISM band.

In 1993, the FCC allocated 140 MHz of spectrum for PCS. Figure 10.22
shows the frequencies between 1850 MHz and 1990 MHz which were licensed in
1994 and 1995. The 30 MHz A and B blocks are designated for large cities, called
major trading areas (MTAs), while blocks C through F are licensed for large
rural BTAs (basic trading areas). There are 51 MTAs and 492 BTAs in the U.S.
In addition to the 120 MHz of licensed spectrum, a total of 20 MHz is allocated
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for unlicensed applications. Of this, 10 MHz is designated for “isochronous” (cir-
cuit switched) applications such as voice, and 10 MHz for “asynchronous” appli-
cations such as wireless packet data. Equipment operating in the PCS
unlicensed band must comply with a “spectral etiquette” technique incorporated
into Part 15 of the Federal Communications Commission rules. This etiquette
was developed by the WINForum industrial body and promotes harmonious
coexistence of diverse systems in the unlicensed band while giving designers
flexibility with respect to system architecture (modulation, coding, signaling pro-
tocols, frame structure, etc.). Two of the essential ingredients in the etiquette are
(1) a “listen before talk” (LBT) requirement, which prevents a transmitter from
interrupting communications already in progress on a frequency; and (2) a trans-
mit power limit that varies as the square root of the signal bandwidth. This is
intended to make wideband and narrowband systems comparatively simiiar on
an interference basis.

The winner of each U.S. PCS license is free to use any desired air interface
and system architecture, provided that it complies with FCC rules. There are no
predetermined standards for systems that will be operating in the 2 GHz PCS
spectrum. This has led the TIA and Committee T1 of the Alliance for Telecom-
munications Industry Solutions to form a Joint Technical Committee (JTC) to
review potential PCS standards and to make recommendations. The JTC has
recognized that PCS standards fall naturally into two categories: “higher tier,”
which support macrocells and high speed mobility, and “low tier” systems which
are optimized for lower power, low complexity and low speed mobility. The JTC is
considering seven major standards, of which five are variations of existing air
interfaces: GSM, IS-54, and IS-95 (high tier) as well as DECT and PACS (low
tier). The other two are based on a hybrid TDMA/CDMA approach proposed by
Omnipoint and a wideband CDMA (W-CDMA) approach offered by Interdigital.
In addition, the TIA has initiated an activity under its TR41 technical committee
to develop standards for wireless user premises equipment (WUPE) operating in
the unlicensed PCS band [Pad95], if they comply with Part 15 of the FCC Regu-
lations. All types of modulation can be used, including direct sequence and fre-
quency hopped spread spectrum.

The U.S. 2 GHz PCS spectrum currently is occupied by active point-to-point
microwave radio systems. For the most part, these incumbent stations must be
relocated to other frequencies (e.g., 6 GHz) or converted to optical fiber facilities
before PCS systems can be deployed. The PCS licensee is required to compensate
the incumbent for the cost of relocating. For the unlicensed band, financing the
cost of relocating the incumbents in less straightforward, since an equitable
mechanism must be developed for sharing the cost of relocation among the pur-
veyors of unlicensed equipment. In addition, during the transition period, the
usage of specific frequencies in specific areas must be limited to those that have
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been cleared. The industry forum called UTAM Inc. was formed to deal with
these issues [Pad95].

10.11 U.S. Wireless Cable Television

U.S. wireless cable systems use microwave radio frequencies in the 2150
MHz to 2160 MHz and 2500 MHz to 2700 MHz bands to provide multiple chan-
nel television programming similar to that offered by traditional hard wire
(“wireline”) cable systems. The microwave signals are transmitted over the air
from a transmission tower to an antenna at each subscriber’s home, thus elimi-
nating the need for the large networks of cable and amplifiers required by wire-
line cable operators. A typical wireless system consists of head-end equipment
(satellite signal reception equipment, radio transmitter, other broadcast equip-
ment, and transmission antenna) and reception equipment at each subscriber
location (antenna, frequency conversion device, and set-top device). Currently,
wireless cable systems are licensed by the Federal Communications Commission
to deliver up to thirty-three channels of programming and typically deliver pro-
gramming on twenty to thirty-five channels, including local “off-air” broadcast
channels that are received directly by the customer’s antenna rather than
retransmitted by the wireless cable operator.

The Federal Communications Commission has granted licenses for wireless
cable service as a series of channel groups, consisting of certain channel groups
specifically allocated for wireless cable (Multipoint Distribution Service, or MDS,
and Multichannel Multipoint Distribution Service, or MMDS) and other chan-
nels originally authorized for educational purposes (Instructional Television
Fixed Service, or ITFS). Excess capacity on the ITFS channels may be leased by
commercial wireless cable providers. Currently, up to thirty-three total channels
are potentially available for licensing, lease, or purchase by wireless cable com-
panies in each market. The Federal Communications Commission imposes cer-
tain conditions and restrictions on the use and operation of channels.

The Federal Communications Commission imposed a freeze on the filing of
new applications for MDS/MMDS licenses in 1992 and for ITFS licenses in 1993.
The freezes were intended to allow the Federal Communications Commission
time to update its wireless cable data base and to review the rules for these ser-
vices. Existing MDS/MMDS applications are subject to selection by lotteries;
new applications will be subject to selection by auction, just as PCS licenses were
auctioned. ITFS licenses will continue to be awarded on a comparative basis
according to the Federal Communications Commission specified criteria.

Although the principal regulatory provisions of the 1992 Cable Act do not
apply to wireless cable systems, such systems are affected by it. The U.S. Con-
gress stated that its intent in passing the 1992 Cable Act was in part to establish
and support existing and new multichannel video services, such as wireless
cable, to provide competition to the existing franchise cable television monopoly.
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