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Preface

The growing demand for high-speed data connections to serve a variety of business and
personal uses has driven an explosive growth in telecommunications technologies of all
sorts including optical fiber, coaxial cable, twisted-pair telephone cables, and wireless.
Nations have recognized that telecommunications infrastructure is as significant as roads,
water systems, and electrical distribution in supporting economic growth. In developing
countries it is not particularly unusual to see cell phone service in a town or village that
does not yet have a water or sewer system. In the United States, recent government initiatives
have recognized the importance of broadband telecommunications to economic growth.

This book focuses on fixed broadband wireless communications – a particular sector
of the communication industry that holds great promise for delivering high-speed data
to homes and businesses in a flexible and efficient way. The concept of ‘broadband’
communications is a relative one. Compared to the 1200-baud modems commonly used
20 years ago, today’s dial-up phone connections with 56-kbps modems are ‘broadband’.
The demands and ambitions of the communication applications and their users have
expanded, and will continue to expand, on what is meant by ‘broadband’. The term
is evolving, as is the technology that is classified as broadband. Nevertheless, for the
purposes of this book I will use the somewhat arbitrary definition that broadband wireless
systems are those designed for, and capable of handling baseband information data rates of
1 Mbps or higher, knowing that future developments may well move this threshold to 5 or
10 Mbps and beyond. The term ‘broadband’ also has an engineering significance that will
be discussed in some detail in this book. Broadband wireless channels, as distinguished
from narrowband channels, are those whose transfer characteristics must be dealt with
in a particular way, depending on the information transmission speed and the physical
characteristics of the environment where the service is deployed.

The term ‘fixed’ has also become somewhat nebulous with the technological developments
of the past few years. Whereas fixed and mobile were previously well-understood differentia-
tors for system types, we now have intermediate types of network terminals including fixed,
portable, nomadic, and mobile, among others. Recent system standards such as those for 3G
UMTS W-CDMA define different service levels and data rates depending on whether the user
is in a fixed location, walking, or moving at high speed. This trend portends a convergence
of fixed and mobile system types whose operation and availability are largely transparent to
the application users. As will be shown, whether the system user is at a fixed location or in
motion affects several decisions about the system design, the most appropriate technology,
and the quality and performance that can be expected from a wireless application.

Although there have been a few books recently written on broadband, and specifi-
cally wireless broadband, in general they have been intended for non-technical audiences.
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This book is intended for engineers who are faced with designing and deploying fixed
broadband wireless systems, and who must also have sufficient understanding of the
theory and principles on which the designs are based to formulate creative solutions to
special engineering problems that they will eventually face. Along with generally accepted
design assumptions and simplifications, the underlying theory and requisite mathematics
are included where necessary to provide this foundation knowledge.

In addition to design engineers who deal with fixed broadband wireless systems on a
daily basis, this book is also well suited to graduate and post-graduate level courses that are
focused on wireless communications engineering. Wireless communication system design
and planning is an increasingly important area that warrants serious academic treatment.

This book also covers some areas that have not classically fallen in the domain of wire-
less RF engineers; in particular, traffic modeling, environment databases, and mapping.
Wireless system design is driven by the commercial requirements of the system operators
who ultimately build viable businesses by successfully serving the traffic demands of the
customers in their service areas. Detailed statistical modeling of packet-based traffic for
a variety of applications (e-mail, web-browsing, voice, video streaming) is an essential
consideration in fixed broadband system design if the operator’s capacity and quality of
service objectives are to be achieved.

The chapters in this book are organized with the fundamentals of electromagnetic
propagation, channel and fading models, antenna systems, modulation, equalizers and
coding treated first since they are the building blocks on which all wireless system
designs are based. Chapters on multiple access methods and traffic modeling follow.
The remaining chapters set forth the specific details of many types of line-of-sight (LOS)
and non-line-of-sight (NLOS) systems, including elemental point-to-point links as well as
point-to-multipoint, consecutive point, and mesh networks. Because of their importance,
a separate chapter is devoted to designing both LOS and NLOS point-to-multipoint net-
works. The final chapter deals with the important subject of channel assignment strategies
where the capacity and service quality of the wireless network is ultimately established.

Fixed wireless design relies on a number of published sources for data and algorithms.
For convenience, the essential data, such as rain rate tables and maps, is included in
the Appendices. In general, the referenced publications chosen throughout are currently
available books or journal papers which are readily accessible in academic libraries or
on-line. For the most recent or unique work, technical conference papers are also utilized.

A book of this type is clearly not a solo effort. I would like to thank several people
who offered valuable comments, including Tim Wilkinson for reviewing Chapters 7 and
8, George Tsoulos for reviewing Chapter 6, and Jody Kirtner for reviewing Chapter 5,
and for her efforts in proofreading the entire manuscript. Creating and refining a technical
work such as this book is an evolutionary process where comments, suggestions, and
corrections from those using it are most welcome and encouraged. I hope and anticipate
that this book will prove to be a worthwhile addition to the engineering libraries of those
who design, deploy, and manage fixed broadband wireless systems.

Harry R. Anderson
Eugene, Oregon, USA
January, 2003.



1

Fixed broadband wireless systems

1.1 INTRODUCTION

The theoretical origin of communications between two points using electromagnetic (EM)
waves propagating through space can be traced to James Maxwell’s treatise on electro-
magnetism, published in 1873, and later to the experimental laboratory work of Heinrich
Hertz, who in 1888 produced the first radio wave communication. Following Hertz’s
developments at the end of the nineteenth century, several researchers in various coun-
tries were experimenting with controlled excitation and propagation of such waves. The
first transmitters were of the ‘spark-gap’ type. A spark-gap transmitter essentially worked
by producing a large energy impulse into a resonant antenna by way of a voltage spark
across a gap. The resulting wave at the resonant frequency of the antenna would prop-
agate in all directions with the intention that a corresponding signal current would be
induced in the antenna apparatus of the desired receiving stations for detection there.
Early researchers include Marconi, who while working in England in 1896 demonstrated
communication across 16 km using a spark-gap transmitter, and Reginald Fassenden, who
while working in the United States achieved the first modulated continuous wave trans-
mission. The invention of the ‘audion’ by Lee DeForest in 1906 led to the development
of the more robust and reliable vacuum tube. Vacuum tubes made possible the creation of
powerful and efficient carrier wave oscillators that could be modulated to transmit with
voice and music over wide areas. In the 1910s, transmitters and receivers using vacuum
tubes ultimately replaced spark and arc transmitters that were difficult to modulate. Mod-
ulated carrier wave transmissions opened the door to the vast frequency-partitioned EM
spectrum that is used today for wireless communications.

Radio communications differed from the predominate means of electrical communica-
tion, which at the time was the telegraph and fledgling telephone services. Because the
new radio communications did not require a wire connection from the transmitter to the
receiver as the telegraph and telephone services did, they were initially called wireless
communications, a term that would continue in use in various parts of the world for several
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decades. The universal use of the term wireless rather than radio has now seen a marked
resurgence to describe a wide variety of services in which communication technology
using EM energy propagating through space is replacing traditional wired technologies.

1.2 EVOLUTION OF WIRELESS SYSTEMS

As the demand for new and different communication services increased, more radio spec-
trum space at higher frequencies was required. New services in the Very High Frequency
(VHF) (30–300 MHz), Ultra High Frequency (UHF) (300–3,000 MHz), and Super High
Frequency (SHF) (3–30 GHz) bands emerged. Table 1.1 shows the common international
naming conventions for frequency bands. Propagation at these higher frequencies is dom-
inated by different mechanisms as compared to propagation at lower frequencies. At low
frequency (LF) and Mediumwave Frequency (MF), reliable communication is achieved
via EM waves propagating along the earth–atmosphere boundary – the so-called ground-
waves. At VHF and higher frequencies, groundwaves emanating from the transmitter still
exist, of course, but their attenuation is so rapid that communication at useful distances
is not possible. The dominant propagation mechanism at these frequencies is by space
waves, or waves propagating through the atmosphere. One of the challenges to designing
successful and reliable communication systems is accurately modeling this space-wave
propagation and its effects on the performance of the system.

The systems that were developed through the twentieth century were designed to serve
a variety of commercial and military uses. Wireless communication to ships at sea was
one of the first applications as there was no other ‘wired’ way to accomplish this important
task. World War I also saw the increasing use of the wireless for military communication.
The 1920s saw wireless communications used for the general public with the estab-
lishment of the first licensed mediumwave broadcast station KDKA in East Pittsburgh,
Pennsylvania, in the United States using amplitude modulation (AM) transmissions. The
1920s also saw the first use of land-based mobile communications by the police and fire
departments where the urgent dispatch of personnel was required.

From that point the growth in commercial wireless communication was relentless.
Mediumwave AM broadcasting was supplemented (and now largely supplanted) by

Table 1.1 Wireless frequency bands

Frequency band Frequency range Wavelength range

Extremely low frequency (ELF) <3 kHz >100, 000 m
Very low frequency (VLF) 3–30 kHz 100,000–10,000 m
Low frequency (LF) 30–300 kHz 10,000–1,000 m
Mediumwave frequency (MF) 300–3,000 kHz 1,000–100 m
High frequency (HF) 3–30 MHz 100–10 m
Very high frequency (VHF) 30–300 MHz 10–1.0 m
Ultra high frequency (UHF) 300–3,000 MHz 1.0–0.1 m
Super high frequency (SHF) 3–30 GHz 10–1.0 cm
Extra high frequency (EHF) 30–300 GHz 1.0–0.1 cm
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frequency modulation (FM) broadcasting in the VHF band (88–108 MHz). Television
appeared on the scene in demonstration form at the 1936 World Fair in New York and
began widespread commercial deployment after World War II. Satellite communication
began with the launch of the first Russian and American satellites in the late 1950s,
ultimately followed by the extensive deployment of geostationary Earth orbit satellites that
provide worldwide relay of wireless communications including voice, video, and data.

Perhaps the most apparent and ubiquitous form of wireless communication today are
cellular telephones, which in the year 2002 are used by an estimated one billion people
worldwide. The cellular phone concept was invented at Bell Labs in the United States in
the late 1960s, with the first deployments of cell systems occurring in the late 1970s and
early 1980s. The so-called third generation (3G) systems that can support both voice and
data communications are now on the verge of being deployed.

Fixed wireless systems were originally designed to provide communication from one
fixed-point terminal to another, often for the purpose of high reliability or secure com-
munication. Such systems are commonly referred to as ‘point-to-point (PTP)’ systems.
As technology improved over the decades, higher frequency bands could be successfully
employed for fixed communications. Simple PTP telemetry systems to monitor electri-
cal power and water distribution systems, for example, still use frequencies in the 150-
and 450-MHz bands. Even early radio broadcast systems were fixed systems, with one
terminal being the transmitting station using one or more large towers and the other
terminal the receiver in the listener’s home. Such a system could be regarded as a ‘Point-
to-Multipoint (PMP)’ system. Similarly, modern-day television is a PMP system with a
fixed transmitting station (by regulatory requirement) and fixed receive locations (in gen-
eral). Television can also be regarded as ‘broadband’ using a 6-MHz channel bandwidth
in the United States (and as much as 8 MHz in other parts of the world), which can
support transmitted data rates of 20 Mbps or more.

The invention of the magnetron in the 1920s, the ‘acorn’ tube in the 1930s, the klystron
in 1937, and the traveling wave tube (TWT) in 1943 made possible efficient ground and
airborne radar, which saw widespread deployment during World War II. These devices
made practical and accessible a vast new range of higher frequencies and greater band-
widths in the UHF and SHF bands. These frequencies were generically grouped together
and called microwaves because of the short EM wavelength. The common band des-
ignations are shown in Table 1.2. Telephone engineers took advantage of the fact that

Table 1.2 Microwave frequency bands

Microwave band name Frequency range (GHz)

L-band 1–2
S-band 2–4
C-band 4–8
X-band 8–12
Ku band 12–18
K-band 18–27
Ka band 27–40
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PTP microwave links used in consecutive fashion could provide much lower signal loss
and consequently higher quality communication than coaxial cables when spanning long
distances. Although buried coaxial cables had been widely deployed for long-range trans-
mission, the fixed microwave link proved to be less expensive and much easier to deploy.
In 1951, AT&T completed the first transcontinental microwave system from New York
to San Francisco using 107 hops of an average length of about 48 km [1]. The TD-2
equipment used in this system were multichannel radios manufactured by Western Elec-
tric operating on carrier frequencies of around 4 GHz. Multihop microwave systems for
long-distance telephone systems soon connected the entire country and for many years
represented the primary mechanism for long-distance telecommunication for both tele-
phone voice and video. The higher frequencies meant that greater signal bandwidths were
possible – microwave radio links carrying up to 1800 three-kilohertz voice channels and
six-megahertz video channels were commonplace.

On the regulatory front, the Federal Communications Commission (FCC) recognized
the value of microwave frequencies and accordingly established frequency bands and
licensing procedures for fixed broadband wireless systems at 2, 4, and 11 GHz for common
carrier operations. Allocations for other services such as private industrial radio, broadcast
studio-transmitter links (STLs), utilities, transportation companies, and so on were also
made in other microwave bands.

Today, these long-distance multihop microwave routes have largely been replaced by
optical fiber, which provides much lower loss and much higher communication traffic
capacity. Satellite communication also plays a role, although for two-way voice and
video communication, optical fiber is a preferred routing since it does not suffer from the
roughly 1/4 s round-trip time delay when relayed through a satellite in a geostationary
orbit 35,700 km above the Earth’s equator.

Today, frequencies up to 42 GHz are accessible using commonly available technology,
with active and increasingly successful research being carried out at higher frequencies.
The fixed broadband wireless systems discussed in this book operate at frequencies in this
range. However, it is apparent from the foregoing discussion of wireless system evolution
that new semiconductor and other microwave technology continues to expand the range at
which commercially viable wireless communication hardware can be built and deployed.
Frequencies up to 350 GHz are the subject of focused research and, to some extent, are
being used for limited military and commercial deployments.

The term wireless has generally applied only to those systems using radio EM wave-
lengths below the infrared and visible light wavelengths that are several orders of magnitude
shorter (frequencies several orders of magnitude higher). However, free space optic (FSO)
systems using laser beams operating at wavelengths of 900 and 1100 nanometers have
taken on a growing importance in the mix of technologies used for fixed broadband wireless
communications. Accordingly, FSO systems will be covered in some detail in this book.

1.3 MODELS FOR WIRELESS SYSTEM DESIGN

The process of designing a fixed broadband wireless communications system inher-
ently makes use of many, sometimes complex, calculations to predict how the system
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will perform before it is actually built. These models may be based on highly accurate
measurements, as in the case of the directional radiation patterns for the antennas used in
the system, or on the sometimes imprecise prediction of the levels and other character-
istics of the wireless signals as they arrive at a receiver. All numerical or mathematical
models are intended to predict or simulate the system operation before the system is
actually built. If the modeling process shows that the system performance is inadequate,
then the design can be adjusted until the predicted performance meets the service objects
(if possible). This design and modeling sequence make take several iterations and may
continue after some or all of the system is built and deployed in an effort to further refine
the system performance and respond to new and more widespread service requirements.

The ability to communicate from one point to another using EM waves propagating in
a physical environment is fundamentally dependent on the transmission properties of that
environment. How far a wireless signal travels before it becomes too weak to be useful
is directly a function of the environment and the nature of the signal. Attempts to model
these environmental properties are essential to being able to design reliable communica-
tion systems and adequate transmitting and receiving apparatus that will meet the service
objectives of the system operator. Early radio communication used the LF portion of the
radio spectrum, or the so-called long waves, in which the wavelength was several hun-
dred meters and the propagation mechanism was primarily via groundwaves as mentioned
earlier. Through theoretical investigation starting as early as 1907 [2], an understanding
and a model of the propagation effects at these low frequencies was developed. The
early propagation models simply predicted the electric field strength as a function of fre-
quency, distance from the transmitter, and the physical characteristics (conductivity and
permittivity) of the Earth along the path between the transmitter and receiver. The models
themselves were embodied in equations or on graphs and charts showing attenuation of
electric field strength versus distance. Such graphs are still used today to predict propa-
gation at mediumwave frequencies (up to 3000 kHz), although computerized versions of
the graphs and the associated calculation methods were developed some years ago [3].

All wireless communication systems can be modeled using a few basic blocks as shown
in Figure 1.1. Communication starts with an information source that can be audio, video,
e-mail, image files, or data in many forms. The transmitter converts the information into
a signaling format (coding and modulation) and amplifies it to a power level that is
needed to achieve successful reception at the receiver. The transmitting antenna converts
the transmitter’s power to EM waves that propagate in the directions determined by
the design and orientation of the antenna. The propagation channel shown in Figure 1.1
is not a physical device but rather represents the attenuation, variations, and any other
distortions that affect the EM waves as they propagate from the transmitting antenna to
the receiving antenna.

By using EM waves in space as the transmission medium, the system is necessar-
ily exposed to sources of interference and noise, which are often beyond the control of
the system operator. Interference generally refers to identifiable man-made transmissions.
Some systems such as cellular phone systems reuse frequencies in such a way that inter-
ference transmitters are within the same system and therefore can be controlled. Cellular
system design is largely a process of balancing the ratio of signal and interference levels
to achieve the best overall system performance.
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Modulation, equalizers, and coding

7.1 INTRODUCTION

The preceding chapters have dealt with the mechanisms that result in transmitted
electromagnetic signals arriving at a receiver and the modeling techniques that can be
used to represent these mechanisms in the system design process. The quality of the
wireless communication circuit depends on the physical propagation mechanisms and on
the nature of the transmitted signal itself. Since communication engineers have complete
control over how the transmitted signal is created and how it is detected, many of the
advances in communications technology in recent years have been in the way signals are
coded, modulated, demodulated, decoded, and otherwise structured to maximize efficient,
multiple access use of the spectrum. Many of these developments have been specifically
designed to provide more robust performance in the presence of the propagation channel
variations and distortions described in earlier chapters.

The original point-to-point microwave systems that were used for long-distance, mul-
tihop telephone circuits were analog systems in which a large number (up to 1,800) of
single-sideband (SSB) 3-kHz voice channels were multiplexed together into a single ana-
log signal that was used to frequency-modulate (FM) a microwave radio carrier. Such
analog systems dominated the microwave industry for a few decades but progressively
were replaced by systems using digital multiplexing and modulation in the 1970s and
1980s. The ability to correct transmission errors using coding techniques and the ability
to regenerate a noise-free signal at each microwave repeater made the digital radios a
logical improvement.

This change was paralleled in the cellular radio industry. The first-generation cellular
systems built in the early 1980s used analog voice signals to frequency-modulate a radio
frequency (RF) carrier operating in channels 25 or 30 kHz wide. These were later replaced
with second-generation digital systems using various modulation and multiple access
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methods. Even the radio and TV broadcast industries, which have used analog transmission
for several decades, are now slowly transitioning to digital transmission systems. Although
analog still plays a role when used by older incumbent fixed systems, new fixed broadband
system deployments will undoubtedly be digital systems; so only digital modulation will
be treated in this chapter.

Because modulation, equalizers, and coding are features of the system that can be
completely controlled, the effort that has been devoted to this area in communication
system design has been enormous, with an associated enormous volume of literature on
the subject. There are several books available at both the beginner and the advanced
level that deal with modulation, equalizers and coding. Several of these books are used
as references here and listed at the end of the chapter. The information in this chapter is
intended to extract and focus on those basic elements of modulation, equalizers, and coding
that are germane to fixed broadband wireless system design. Specifically, this includes
the performance of various technologies in the presence of noise and interference, and
the ability of equalizers and coding to improve performance by mitigating the effects
of noise, interference, and channel response impairments. For the system design process,
the signal-to-interference + noise ratio (S/(I + N) ratio) is a fundamental design objective.
The S/(I + N) ratio or signal-to-interference + noise ratio (SINR) objective is also a direct
indicator of the quality and robustness of the signal received by the end user.

Modern digital communication systems including those for fixed broadband usually
have adaptable modulation that responds to the conditions of the channel (also called
link adaptation). Under nominally good channel conditions, the transmission will use the
highest data rate available. As the channel deteriorates because of a rain fade or some
other reason, the system will automatically revert to a more robust modulation and coding
scheme with associated lower net data throughput to maintain the communication link.
Adaptability creates a degree of complication for the system designer, which will be
addressed in later chapters.

7.2 DIGITAL MODULATION – AMPLITUDE,
FREQUENCY, AND PHASE

A transmitted signal has three fundamental characteristics – frequency, amplitude, and
phase. These characteristics can be changed individually or in combination in response
to the information that is to be transmitted. It is assumed that the information itself is
already in digital form. For an information signal that is basically analog like speech,
a digital-to-analog converter (DAC) is used along with some means of compressing the
signal so that the fewest number of bits necessary are used to achieve communication
with the desired fidelity. Regardless of the means used to create the information signal,
it ultimately becomes a time sequence of binary digits (‘bits’) that can have only one of
two states: 0 or 1.

Digital modulation is the process of modifying the frequency, phase, or amplitude of
a signal in response to whether a 0 or a 1, or a string (block) of 0s and 1s, is to be
sent. From the terminology of the earliest digital systems (telegraph and the radio Morse
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code), this process is still called ‘keying’, so that fundamental modulation types can be
grouped as:

• ASK : Amplitude Shift Keying in which the amplitude of the signal is changed among
discrete amplitude levels to represent a pattern of bits. This includes the simplest
form, on–off keying (OOK), in which the signal is turned on and off (from maximum
amplitude to zero amplitude) in response to a bit pattern. OOK is used by free space
optic systems.

• FSK : Frequency Shift Keying in which the frequency of the signal is changed among
discrete frequencies to represent a pattern of bits.

• PSK : Phase Shift Keying in which the phase of the signal is changed among discrete
phase states to represent a pattern of bits.

A wide variety of modulation methods are derived from these basic forms. As the num-
ber of available discrete amplitude levels, frequencies, or phase states increases, a greater
number of more information bits can be conveyed with one signal state. For example,
with a simple ASK system with two possible amplitudes, only one bit can be conveyed
at a time – a 1 with the high amplitude and a 0 with the low amplitude. The volt-
age/frequency/phase that is transmitted to represent a bit pattern is called a channel symbol
or simply symbol. The binary amplitude symbol in this case can represent one bit. If the
symbol could have four amplitude levels instead of two, then each symbol could represent
two bits (00, 01, 10, and 11). Similarly, as the number of possible states increases, the
number of bits that can be conveyed increases such that

n = log2(M) or M = 2n (7.1)

where M is the number of signal states a symbol can have and n is the number of
information bits it can convey. This leads to the obvious observation that to increase the
data rate or capacity of a link, symbols with a large number of signal states should be
used. In a world with no noise, no interference, and no channel impairments, this would
be the clear thing to do. The problem, of course, is that there is noise, interference, and
channel impairments in a real system, which makes it increasingly difficult to correctly
detect which signal state has been transmitted as the number of signal states increases
(for a given transmitter power). Detection errors potentially lead to a higher bit error rate
(BER) at the receiver and to a decrease in the ultimate signal quality delivered to the end
user. The impact of noise and interference, and the associated trade-offs with modulation
type, will be discussed in Section 7.4.

7.3 FIXED BROADBAND WIRELESS MODULATION
METHODS

Given the broad flexibility that comes from being able to change the amplitude, frequency,
or phase of the signal, there have been a large number of modulation schemes developed
over the years. Of these, a few have emerged as the most attractive for fixed broadband
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wireless use as well as general wireless communication such as cellular and other mobile
radio applications. The discussion of the modulation types is confined to these types.

7.3.1 BPSK, QPSK, π/4-DQPSK

Two of the simplest and the most robust modulation methods are binary phase shift keying
(BPSK) and quadrature phase shift keying (QPSK). As the names imply, BPSK switches
between two phase states to convey the bit pattern, while QPSK switches between four
phase states. The associated signal states or signal constellations for these two types are
shown in Figures 7.1(a and b), respectively. BPSK can take on phase values of 0 and
180 degrees. QPSK can have phase values of 45, 135, 225, and 315 degrees. Since each
phase state for QPSK conveys two bits of information, the data used with QPSK can be
coded so that adjacent phases differ by just one bit as shown in Figure 7.1(b). Since most
detection errors result in an adjacent phase being detected (not two phase states away),
this encoding approach means that a symbol detection error will result in one bit error
rather than two. This type of coding is called Gray encoding [1].

From Figure 7.1(b) it is clear that certain bit pattern transitions will cause the signal vector
to go through zero (00 to 11, for example), which in turn will cause the carrier amplitude
to go to zero. This transition through zero carrier amplitude can cause adjacent channel
spectral components that result in adjacent channel interference, depending on the linearity
of the power amplifier (PA) over this signal power transition range. To eliminate the phase
transition through zero, a form of QPSK called π/4-DQPSK is used in which the 2-bit
pattern is conveyed by phase transitions among eight-phase states (separated by an angle of
π/4) rather than an absolute phase as depicted in Figure 7.1(b). Because the transmitted bits
are detected by the phase difference from one symbol to the next, it is differential QPSK or
DQPSK. The source bit sequence translates to the phase transitions shown in Table 7.1.

In addition to BPSK and QPSK, eight-phase modulation, or 8PSK, has grown in interest
recently because of its choice of an enhanced cellular system with higher data rates called
EDGE. With 8PSK, the phase states are separated by 45 degrees rather than 90 degrees as
with QPSK. With 8 states, 3 bits of information are conveyed with each channel symbol.
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Figure 7.1 Signal constellations for (a) BPSK and (b) QPSK.
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Table 7.1 π/4-DQPSK phase transitions

Bit pattern Phase transition

00 −3π/4
01 −π/4
10 +π/4
11 +3π/4

The power spectra of BPSK and QPSK depend primarily on the symbol pulse shape
that is used in the transmitter. There are a wide variety of choices here but the one most
commonly used is the raised cosine pulse. The time domain representation of this pulse
is given by

x(t) = sin πt/T

πt/T

cos(παt/T )

1 − 4α2t2/T
(7.2)

where T is the symbol time length, α is a pulse shape or rolloff parameter (0 ≤ α ≤ 1.0),
and t is the time. The spectrum of this pulse is given by [2]

X(f ) =

⎧⎪⎪⎪⎨
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T for 0 ≤ |f | ≤ (1 − α)/2T
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≤ |f | ≤ 1 + α

2T
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⎪⎪⎪⎭

(7.3)

The time and frequency domains for the raised cosine pulse are drawn in Figures 7.2(a
and b), respectively, for a few different values of α . Figure 7.2(a) shows that the complete
time domain function is noncasual (starts before zero time). This is normally addressed
by injecting a delay of 3 or 4 symbol times to permit a reasonably accurate representation
of the leading tail of the pulse to be transmitted and the expected spectrum shape to be
closely realized.

When this pulse shape is used with BPSK and QPSK, the resulting power spectral
density (PSD) for the transmitted signal is given by [3]

S(f ) = A2

T
|X(f )| (7.4)

This is basically the same shape as Figure 7.2(b) except that it is scaled for the pulse
width and amplitude. Note that the PSD for QPSK is the same as that for π/4-DQPSK.

The analysis of the error rates for BPSK and QPSK as a function of noise and inter-
ference follows in Section 7.4.

7.3.2 16QAM, 64QAM, and 256QAM

The number of bits per transmitted symbol with BPSK and QPSK is rather modest for
a given bandwidth. To increase the data rate, symbols that convey more information
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Figure 7.3 Signal constellations for (a) 16QAM and (b) 64QAM.

bits with more signal constellation states are required. The family of modulation types
known as quadrature amplitude modulation (QAM) is the usual choice for achieving
higher symbol efficiencies. Figure 7.3 illustrates the signal constellations for 16QAM
and 64QAM. 256QAM is the same as 64QAM except with a 16 × 16 square array of
constellation states.
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From the constellations it is apparent that the QAM family of modulations are closely
related and in fact can be generated using the same basic in-phase/quadrature (I/Q) modula-
tor circuitry. Comparing Figures 7.1(b) and 7.3(a), it is also evident that QPSK is a member
of this family that could be called 4QAM and is generated using the same I/Q modulator.
With these four symmetric constellations – 4QAM, 16QAM, 64QAM, and 256QAM, the
symbol transmission efficiencies ranging from 2 bits/symbol to 8 bits/symbol are possible.
Other constellations such as 32QAM and 128QAM are also possible and sometimes used,
but the four symmetric constellations described here are the most common because of the
ease with which they are generated and because of their ability to be readily transitioned
to higher or lower efficiency QAM constellations.

The PSD for QAM modulation is the PSD of the transmitted symbol provided the
transmitted symbols are uncorrelated; that is, the autocorrelation function of the input
data sequence is 0 for τ > T/2 and τ < −T /2 where τ is the time offset variable. If the
raised cosine pulse described in the last section is used for the symbol shape, the spectrum
shown in Figure 7.2(b) applies to QAM.

The analysis of the error rates for the QAM modulation as a function of the noise and
the interference levels follows in Section 7.4.

7.3.3 Orthogonal frequency division multiplexing (OFDM)

Orthogonal Frequency Division Multiplexing (OFDM) is a multicarrier modulation method
that uses a number of carriers (called subcarriers), each operating with a relatively low
data rate. Taken together, the composite data of all the subcarriers is comparable to the
data rate possible using the same basic modulation at a higher data rate with a single
carrier in the same channel bandwidth. The main advantage of OFDM is that the sym-
bol duration can be much longer so that the susceptibility to errors from intersymbol
interference (ISI) due to multipath time dispersion is greatly reduced. From a frequency
domain perspective, a frequency-selective fade will cause a problematic fading depth on
only a few subcarriers. Errors will potentially occur on the few bits associated with those
subcarriers but not the others, so the net error rate for all subcarriers taken together can
still be made acceptably low if coding is also employed.

If a block of Ns symbols is considered, in OFDM each is used to modulate a subcarrier,
so there are also Ns subcarriers. If each symbol has duration Ts , the time domain signal
representation for the OFDM during Ts can be written as

s(t) =
N2∑
N1

di+Ns/2 exp

[
j2π

n

Ts

(t − ts)

]
for ts ≤ t ≤ ts + Ts (7.5)

where N1 = Ns/2, N2 = Ns/2 − 1, and ts is a symbol start time. Since the amplitudes and
phases of the subcarriers in the transmitted spectrum S(f ) represent the Ns data symbols,
the time domain in (7.5) is actually the inverse Fourier transform (IFFT) of the data block.
As discussed in [4], the transform can be performed by an inverse fast Fourier transform
(IFFT) or inverse discrete Fourier transform (IDFT), the choice being driven simply by
which of these is the most computationally efficient.
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It can be observed from (7.5) that this is a sum of Ns quadrature cosine and sine
functions with frequencies 2πn/Ts . These frequencies are integer multiples of each other
so that they are inherently orthogonal, or

∫ ts+Ts

ts

exp(j2πnt/Ts) exp(j2πmt/Ts) dt = 0 n �= m (7.6)

∫ ts+Ts

ts

exp(j2πnt/Ts) exp(j2πmt/Ts) dt = Ts n = m (7.7)

where n and m are integers. The receiver detector has the same subcarrier frequencies
that are synchronized with the transmitted carriers. The demodulated OFDM signal using
the orthogonal subcarriers recovers the original data symbols as implied by (7.7). The Ns

detected data symbols can then be reassembled into the data block.
The number of subcarriers is determined by the total required data rate and the max-

imum delay spread that will be experienced in the channel. The individual subcarriers
can be modulated using PSK or QAM as described in the preceding sections. The error
performance of the separate subcarriers can be considered independently as long as the
subcarriers remain orthogonal and there is no intercarrier interference.

At the receiver the amplitude and phase distortions introduced by the channel must still
be equalized. In the case of differential QPSK, only the phase distortions in the channel
are relevant to detection and they may be corrected using a differential equalizer that
considerably simplifies the receiver [5]. The use of QAM or other amplitude-dependent
constellations on a subcarrier requires amplitude equalization as well, so there is strong
motivation to use BPSK, QPSK, or other phase-only constellations. The use of amplitude-
dependent modulation like QAM also aggravates the peak-to-average power ratio problem
discussed in Section 7.3.3.1.

For channels with deep fades at some frequencies, the subcarriers at these faded fre-
quencies will experience very high error rates because of low signal-to-noise ratio (SNR)
values. The error performance on these weak channels can dominate the overall error rate,
thus setting a lower bound on the error performance of OFDM. Therefore, for reasonable
error rate performance, it is essential for OFDM systems to have coding and interleaving.
Coded OFDM is known as COFDM. Coding and interleaving are discussed in Section 7.6.

OFDM can also be sensitive to carrier frequency errors that degrade the orthogonality
between subcarriers. This is known as intercarrier interference (ICI). This requirement can
impose carrier accuracy demands on OFDM systems that are several orders of magnitude
higher than those for single-carrier systems of similar capacity [6].

To ensure that time dispersion in the form of multipath does not introduce intersymbol
interference (ISI – see Section 7.4.4), a guard interval is usually added into the system
that extends the symbol duration. This guard interval is actually a cyclic extension of the
subcarrier wave. The guard time will be determined by the delay spread of the channel that
the system is expected to accommodate. Since the guard interval is not used to transmit
information, it directly reduces the data capacity of the OFDM link.

The power spectrum of an OFDM system is the composite of the power spectra of the
individual subcarriers. As the number of subcarriers increases, the spectrum approaches the
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rectangular band-limited spectrum of ideal Nyquist filtering. This is one of the advantages
of OFDM in applications in which the spectrum is densely occupied and in which con-
trolling adjacent channel interference is important. An example of an OFDM spectrum
for 16 subcarriers is shown in Figure 7.4 for a rectangular pulse amplitude shape for the
transmitted symbol (α = 0.0) and with a raised cosine pulse shape with α = 0.1. The out-
of-band spectrum can be further attenuated using the raised cosine pulse, but this erodes
the orthogonality of the subcarriers, which in turn degrades the received error rate [3].
Note that the raised cosine function is applied to the time domain pulse, and not the
frequency domain as shown in Figure 7.2.
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Figure 7.4 Spectrum for OFDM with N = 16. (a) Overlapping subcarrier spectra with rectangular
pulse and (b) composite power spectrum with rectangular pulse and raised cosine pulse
with α = 0.1.
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7.3.3.1 OFDM peak-to-average power ratio

Depending on the data signal being transmitted, it is possible that several of the subcarriers
could be at their maximum values during a symbol time. If the sum of an unlimited
number of (uncorrelated) subcarriers is considered, the probability density function (pdf)
of the resulting signal envelope is a Rayleigh distribution with the probability of high
peak values diminishing as the value increases. The peak power needed to represent this
summation without distortion could be considerably higher than the average power of
the waveform, greatly increasing the maximum power and linearity requirements on the
transmitter power amplifier (PA).

A number of approaches for dealing with this problem have been explored over the
past several years. The simplest is to clip the signal amplitude in a clipping ‘window’,
which is what the PA ultimately does anyway, but this produces distortion and out-of-band
emissions that are undesirable. As discussed in [7], several variations on the windowing
approach show various levels of out-of-band emission. As shown in [8], it is possible
to apply a code to the transmitted data block that essentially prevents subcarriers from
adding simultaneously to limit the peak to a certain value above the average power level.
A suitable code set turns out to be complementary Golay codes [9]. The coding method
has a relatively small coding overhead (a 3/4 rate code can achieve a peak-to-average
ratio (PAR) of 4 dB) and is currently the preferred approach.

These various methods have not eliminated the PAR problem but have reduced it to
a manageable level. OFDM has thus become a viable and important option for fixed
broadband wireless systems, especially for non-line-of-sight (NLOS) point-to-multipoint
systems.

7.4 ERROR PERFORMANCE WITH NOISE
AND INTERFERENCE

A fundamental measure of the capability of a digital modulation scheme is its BER in the
presence of noise and interference. The BER is a function of the ratio of the desired signal
level to the noise and interference levels, decreasing as the ratio decreases. In the system
design process, accurate predictions of the S/N ratio (SNR) and the S/I ratio (signal-to-
interference ratio (SIR)) are sought so that the link BER can be accurately predicted and
the overall link quality assessed.

In considering the impact of interference and noise on signal detection errors, the under-
lying objective is to develop system design criteria that can be used to determine whether
the outage performance of a particular link will meet the service objectives of the system
operator. The error performance of different modulation types degrade differently with
noise and interference. The higher-level modulation type where the constellation states are
closer together will obviously have more detection errors at lower noise and interference
levels than low-level modulations with more widely spaced constellation states.

For practical system design, the required SNR and SIR levels for a given maximum
tolerable error rate threshold is usually given by the equipment manufacturer’s specifica-
tions. These values can normally be employed directly in the link design. However, it is
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useful to understand the fundamental way in which errors in digital systems are caused by
noise and interference so that trade-offs between high-level, high-efficiency modulation
with higher error rates versus low-level, low-efficiency modulation with lower error rates
can be recognized. The purpose of this section is to provide this information using a
fundamental description of the error-creating processes that occur in digital signals.

7.4.1 Error performance with Gaussian noise only

The BER for BPSK and QPSK with noise can be found in many books on digital commu-
nications. Regardless of the modulation type, the same basic signal geometry illustrated
in Figure 7.5 is applicable. The received signal vector s(t) is perturbed by Gaussian noise
vectors in quadrature creating a resultant vector r(t) that is presented to the detector.
Since nx and ny are jointly Gaussian random variables with σ 2

x = σ 2
y = N0/2, then nx and

s + ny are also jointly Gaussian with σ 2
r = N0/2. The joint pdf is then

f (nx, s + ny) = 1

2πσ 2
r

exp

[
− (n2

y + n2
x)

2σ 2
r

]
(7.8)

Since the phase θ = tan−1(nx/(s + ny)) and the amplitude r = √
n2

x + (s + ny)
2, these

variables can be used in (7.8) to get

pr,θ (r, θ) = 1

2πσ 2
r

exp

(
− r2 + s2 − 2sr cos θ

2σ 2
r

)
(7.9)

Equation (7.9) can be integrated over r from 0 to ∞ to get pθ(θ), or over 0 to 2π to
get pr(r). For PSK modulation, the phase pdf pθ (θ) is of interest. The result of this
integration is given by [10]

pθ (θ) =
∫ ∞

0
pr,θ (r, θ) dr (7.10)

x

y

nx(t )

ny(t )

r (t )s (t )

q

Noise vector

Figure 7.5 Signal vector with additive Gaussian noise.
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Figure 7.6 Probability of phase angle for PSK with Gaussian noise.

This is usually reduced to the form

p(θ) = 1

2π
e−γ

(
1 + √

4πγ cos θeγ cos2 θ 1√
2π

∫ √
2γ cos θ

−∞
e−r2/2 dr

)
(7.11)

If the symbol SNR is defined as γ = S2/N0, (7.12) can be evaluated numerically to find
the probability densities. Figure 7.6 shows pθ(θ) for several values of γ in dB. The
probability of an error due to noise is found as the area under the pdf curve for the phase
angles outside the range of ±π/M around the transmitted phase, where M is the number
of phase states (2 for BPSK, 4 for QPSK, 8 for 8PSK, etc.). The integral in (7.10) only
reduces to a simple form for BPSK and QPSK – for other cases it can be readily evaluated
numerically. The assessment of the phase error assumes that a perfect, noise-free reference
is available for coherent detection. For differential DBPSK and DQPSK, the transmitted
symbol is determined by the phase difference between successive symbols. This allows
for a simpler receiver but slightly degrades error performance since the phase detection
reference is also corrupted by noise.

The formulas for the symbol error rate for BPSK, QPSK, and M-ary QAM, and a few
other modulation types as a function of the ratio of the signal energy per bit to the noise
power per bit (Eb/N0 or γb) are shown in Table 7.2, along with the source reference for
each formula. The equations in Table 7.2 give symbol error rates; the bit error rates can
be found assuming Gray encoding using

Pb
∼= 1

k
PM where k = log2 M (7.12)

Equation (7.12) is most accurate for high values of SNR because it assumes that a symbol
error will result in an adjacent symbol being detected, which differs from the correct
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Table 7.2 Symbol error probability for various modulation types based on γb

Modulation type Symbol error rate equation Source

Coherent BPSK PM = Pb = 1
2 erfc(

√
γb) Reference [1]

eqn. (4.2.106)
Differential

BPSK
PM = Pb = 1

2 exp(−γb) Reference [1]
eqn. (4.2.117)

Coherent
QPSK

PM = erfc(
√

γb)[1 − 1
4 erfc(

√
γb)] Reference [1]

eqn. (4.2.107)
Differential

QPSK
PM = 2[Q(a, b) − 1

2 I0(ab) exp[− 1
2 (a2 + b2)]]

a =
√

2γb(1 − 1/
√

2) b =
√

2γb(1 + 1/
√

2)

Reference [1]
eqn. (4.2.118)

Coherent M-ary
PSK

PM
∼= erfc

(√
kγb sin

π

M

)
γb � 1 Reference [1]

eqn. (4.2.109) and
eqn. (4.2.110)

Differential
M-ary PSK

PM
∼=

√
1 + cos(π/M)

2 cos(π/M)
erfc

√
kγb[1 − cos(π/M)]

for M ≥ 3

Reference [11]
eqn. (46)

Coherent M-ary
QAM

PM = 2

(
1 − 1√

M

)
erfc

(√
3k

2(M − 1)
γb

)

×
[

1 − 1

2

(
1 − 1√

M

)
erfc

(√
3k

2(M − 1)
γb

)] Reference [1]
eqn. (4.2.144)

GMSK PM = 1
2 erfc(

√
αγb) α = 0.68 for typical filter Reference [12]

Note: erfc is the complementary error function; I0 is the modified Bessel function of the first kind and order
0; Q(a, b) is the Marcum Q function; M is the number of signal constellation states; k = log2 M; γm = kγb .

symbol by just one bit. With low SNR, the erroneously detected symbol may be farther
away and two or more bits will be incorrect. The symbol error rates calculated from the
formulas in Table 7.2 are plotted in Figure 7.7 for BPSK and QPSK and Figure 7.8 for
QPSK, 16QAM, 64QAM, and 256QAM.

For a typical fixed wireless system, the amplitude of the signal will vary because of
either multipath fading or rain fading events as described in Chapter 4. Since the noise
power level from the receiving equipment is constant, the SNR will vary as the signal
level fades. The relevant parameter, then, is the instantaneous SNR rather than the average
SNR. The error rate then becomes a variable that follows the fading. When the signal
level fades to a low level, the error rate rises during that fade, potentially resulting in
an error burst that can destroy a block of data, or system synchronization, and timing.
Considering that the ‘bursty’ nature of errors in these systems leads to the design concept
of fade margin in wireless systems – the faded signal level that can occur before the error
rate reaches an unacceptable threshold level. Fade margin is one of the most significant
parameters in fixed broadband system design since it directly leads to a determination
of the link availability. Fade margin will be employed in the link design discussion in
later chapters.
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Figure 7.7 Probability of a symbol error for BPSK and QPSK.

The error rate performance shown in Figures 7.7 and 7.8 is the theoretical best-case
performance for the indicated modulation type. For actual equipment, the error rate per-
formance will usually be worse than the theoretical values due to a variety of nonideal
aspects of the equipment design and operation. For example, the published specifications
for a typical Local Multipoint Distribution Service (LMDS) system show an error per-
formance for 16QAM of 10−6 for an SNR of 17 dB, 2 dB worse than the theoretical
value. The theoretical curves therefore are best used as relative indicators of error rate
performance and associated capacity. For link design, of course, the actual performance
numbers of the equipment that will be deployed should be used. This is a parameter that
can potentially differentiate one vendor from another.

7.4.2 Error performance with noise and constant amplitude interference

The vector approach used above can be extended to include a single sine wave interference
vector as shown in Figure 7.9. The quadrature noise vectors are shown as nx and ny as
before with the sine wave interference as a vector with amplitude b. The objective is to
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Figure 7.9 Signal, interference, and noise vectors for noise and sine wave interference case.
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find the pdf of the phase and amplitude of this ensemble of vectors. Because an analysis
of the pdf and error rate of digital modulation with a sine wave interferer and noise is
rarely found in texts on digital communications, the details of the derivation of the pdf
of x, y are included in Appendix B. The resulting pdf from Appendix B is

p(x, y |A, b) = 1

2πσ 2
exp

[
− (x − A sin α)2 + (y − A cos α)2 + b2

2σ 2

]

× I0

(
b
√

(x − A sin α)2 + (y − A cos α)2

σ 2

)
(7.13)

where I0(·) is the Bessel function of the first kind and of the order zero. To find the pdf
of x or y alone, it is necessary to integrate (7.13) over one or the other random variables:

p(x) =
∫ ∞

−∞
p(x, y |A, b) dy p(y) =

∫ ∞

−∞
p(x, y |A, b) dx (7.14)

For mobile communications, the interference signal usually includes fading as does the
desired signal, so a statistical description is normally used to describe the interference
amplitude and the SNR. The aggregation of multiple random phase interferers, even
if with constant amplitudes, also leads to a statistical description of the interference
vector amplitude.

For fixed line-of-sight (LOS) systems, however, a single dominant interference signal
can be received that exhibits very little fading due to high-gain antenna rejection of
multipath components. The error rate analysis with a quasi-constant amplitude interferer
is relevant to such systems.

The pdf in (7.13) does not easily yield a closed-form expression for the probability
of error. However, it can readily be integrated by numerical methods to find the volume
of the pdf in the error region for any particular modulation scheme, especially those in
which the error boundaries between modulation states are rectilinear in x and y. As an
example, this pdf will now be applied to finding error rates for 16QAM and QPSK when
perturbed by noise and interference.

7.4.2.1 16QAM with noise and interference

As mentioned, a commonly used rectangular signal constellation in fixed wireless is
16QAM. The modulation constellation states are shown in Figure 7.3(a) along with the
error boundaries (shown as dotted lines and the x-, y-axis). Coherent detection of M-ary
QAM generally involves finding the Euclidean distance in the 2D signal space from the
receive signal point to each of the M expected constellation states. The expected signal
state that is closest to the received signal point is selected as the signal state that was
transmitted. An error occurs when this distance is shorter to a signal state that is different
from the transmitted signal state. The probability of error can be found by finding the
volume of the pdf in (7.15), which crosses over the error boundaries in Figure 7.3(a) for
a certain transmitted state.
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With many modulation types such as 4QAM and M-ary PSK, the error boundaries
relative to a signal state are the same for all of the M possible modulation states. Evalu-
ating the probability of error Pe, or error rate, can then be done by considering the error
for one signal state. However, for 16QAM it is clear from Figure 7.3(a) that the error
boundaries are not the same for all signal states. There are actually three different types
to be considered. First are the four corner points that only have error boundaries on two
sides. Next are the eight ‘edge’ points with error boundaries on three sides. Finally, there
are four interior points with error boundaries on four sides. The integration of the error
region for each of these three types of signal states must be done with different integration
limits that take into account the different error boundaries.

An approach to this integration that has simple limits is to integrate the volume under
the 2D pdf inside the region where a given state has no error, and then to subtract that
result from 1.0 to arrive at the error probability. However, with numerical integrations
involving small numbers, this can be a difficult approach to make-work successfully.
Instead, the straightforward approach of integrating the error region directly is used here,
with the integration beginning in the low value ‘tails’ and progressing toward the higher
values near the center of the pdf to avoid losing the contribution of these small values to
the sum due to the round-off error.

The awkward integration limits can be resolved by choosing an integration region that
easily encompasses all the relevant areas of the pdf in (7.13), both those where errors
occur and those where no errors occur. In the case under study here the integration limits
are set at ±3d. When the integration loops are sequenced through the values of x and y,
each x, y pair is first evaluated to determine if it falls inside the ‘no-error’ limits. If it
does, evaluating p(x, y) and its contribution to the integration sum is skipped. This ‘cut
out’ approach to integrating a complicated region works very effectively with the 16QAM
case. It can also be used successfully when the error boundaries are not rectilinear as in
the case of M-PSK modulation signal constellations and their derivative forms. The cut
out region can even be defined by complicated polygons if necessary.

The numerical integration using the cut out approach can be written in the follow-
ing form:

Pe =
3d∑

−3d

3d∑
−3d

p(x, y)�x�y, subject to integration limits below (7.15)

The cut out integration limits the evaluation of (7.15) so that the results of the double
summation are not included under the following conditions:

x > −d/2, y > −d/2 for the corner signal states

−d/2 > x > d/2, y > −d/2 for the edge signal states

−d/2 > x > d/2, −d/2 > y > d/2 for the interior signal states (7.16)

With these integration limits, the probability of a symbol error was calculated for 16QAM
with 6 different levels of sine wave interference (signal-to-interference ratios or SIR) and
a range of signal-to-noise ratios (SNR per bit). The results are shown in Figure 7.10.
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Figure 7.10 16QAM error rates with noise and constant amplitude interference.

The signal levels are the average signal levels for the 16 constellation states. The quantities
SNR and SIR are defined as follows:

SNR = 20 log

(
V√
2σ

)
dB SIR = 20 log

(
b

V

)
dB (7.17)

where V is the average voltage of the signal modulation constellation. These values of
SNR and SIR as defined in (7.17) will be used in the balance of this analysis.

As expected, with an SIR of 30 dB (essentially no interference) the error rate results
are the same as the noise-only case and the curve in Figure 7.10 is in close agreement
with [13]. As the interference level increases, the error rate also increases. At high levels
of interference, a large portion of the pdf from (7.13) actually lies outside the no-error
region even with no noise. At SIR = 5 dB, the error rate actually increases with reduced
noise – an extraordinary condition in which the signal and interference pdf lies outside
the interior signal state error boundaries such that only by adding noise does the signal
occasionally fall within the ‘no-error’ region.
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7.4.2.2 16QAM with 16QAM interference

The 16QAM error rate results for the constant amplitude interference can be applied
to the problem of interference from another 16QAM signal in the same network. From
Figure 7.3(a), it is clear that the interference vector b can take on one of the three discrete
values, each with different probabilities. These are

• b = d
√

2/2 with probability 0.25

• b = 3d
√

2/2 with probability 0.25

• b = d
√

10/2 with probability 0.50

The error probability analysis described above can be repeated for each of these values
of b, scaled by the overall S/I ratio. A similar approach can be applied to any single
interferer with discrete amplitude values.

7.4.2.3 Coherent QPSK with noise and interference

The 2D pdf in (7.13) is given in terms of x and y, which is well suited to rectangular
signal constellations like 16QAM. For angle constellations such as M-ary PSK, trans-
forming (7.13) into polar coordinates is a more useful representation of the probability
density. A typical example is coherent QPSK with a signal state constellation shown in
Figure 7.1(b). With coherent detection it is assumed that some noise and interference-free
phase reference is available against which the phase of the noise and interference-corrupted
received signal can be evaluated.

The transformation from the rectangular coordinates of (7.13) to polar coordinates can
be done by making the substitutions:

x = r sin β y = r cos β (7.18)

With these substitutions, (7.13) becomes

p(r, β |A, b) = 1

2πσ 2
exp

[
− (r sin β − A sin α)2 + (r cos β − A cos α)2 + b2

2σ 2

]

× I0

(
b
√

(r sin β − A sin α)2 + (r cos β − A cos α)2

σ 2

)
(7.19)

Recognizing that dx dy = r dr dβ, the pdf for the phase can be found by integrating over
the range of r:

p(β) =
∫ ∞

0
p(r, β)r dr (7.20)

Several examples of p(β) are shown in Figures 7.11(a and b) for different values of SNR
and SIR. The pdf in (7.13) can also be used to create visually instructive 3-D plots of
the overall signal constellation pdf. An example of such a plot for coherent QPSK with
the indicated values of SNR and SIR is shown in Figure 7.12. The ‘rings’ in the pdf
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Figure 7.11 Phase pdf’s for PSK with noise and single constant amplitude interference.
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Figure 7.12 3D illustration of complete QPSK signal pdf with additive noise and single constant
amplitude interference. SNR = 15 dB and SIR = 10 dB.

around each of the transmitted signal constellation points are clear. A similar 3D graph
for 16QAM and an SIR value of 5 dB shows these ring pdf’s crossing the error boundaries
leading to the increasing error rates with lower noise as previously discussed.

Equation (7.20) can be evaluated numerically at a number of phase angles to provide
a pdf description of the phase alone. The error rate Pe for an M-ary PSK system can then
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be found by integrating p(β) over the error region as follows:

Pe =
∫ −π/M

−π

p(β) dβ +
∫ π

π/M

p(β) dβ (7.21)

Considering the symmetry of p(β) , (7.21) can be simplified to

Pe = 2
∫ π

π/M

p(β) dβ (7.22)

Equation (7.22) can now be applied directly to M-ary PSK system. Using (7.22), the
symbol error rate for coherent QPSK was computed for the same range of SIR and SNR
values as that used for the 16QAM results in Figure 7.10. The results for QPSK are
shown in Figure 7.13. As expected, the performance of QPSK with equivalent noise and
interference is superior to that of 16QAM (ignoring the different capacity of the two
modulation types). This is especially true for low values of SIR where QPSK has not yet
reached the error region even with an SIR value of 5 dB.
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Figure 7.13 Coherent QPSK error rates with noise and constant amplitude interference.
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The error rate results for QPSK were found using the pdf in (7.20). However, for this
particular constellation they could have also been found using the joint pdf for x and y

in (7.13). This approach would correspond to using only the corner cut out integration
limits in (7.16).

7.4.2.4 Differential QPSK with noise and interference

The previous examples for predicting error rates in the presence of single-carrier interfer-
ence were developed for coherent detection of 16QAM and QPSK, where a noise-free and
an interference-free phase and amplitude reference was available. Many system architec-
tures have been devised to recover a suitably uncorrupted phase and amplitude reference
for use in wireless channels.

However, important classes of modulation schemes that offer somewhat simpler hard-
ware implementation are differential techniques in which the information data is conveyed
by the transition from one constellation state to another. The receiver then detects the dif-
ference between successive received symbols and interprets the differences in terms of the
encoding scheme used at the transmitter. A commonly used example mentioned before
is differential QPSK, or DQPSK, in which the change in phase, rather than the phase
relative to a reference, is used to convey data.

The general technique described above for analyzing BER in the presence of noise and
interference for coherent detection can be extended to the differential case by assuming
that signal vectors for successive symbols are similarly perturbed by noise and interference
as was shown in Figure 7.9. This approach was taken in [14] when it was assumed that
the interference phase would undergo a fixed (but unknown) phase shift θ from symbol
to symbol. An upper bound error rate result was then developed for DQPSK as a function
of θ . The analysis can proceed in a manner similar to that given above with a resulting
pdf for the phase difference between successive symbols. The error rate can then be
determined by integrating the area under the pdf, which is outside the correct symbol
detection bounds as before.

7.4.3 Error performance with flat-fading signal and interference

The analysis of the errors in the preceding section were done for discrete values of SNR
and SIR as shown by the curves in Figures 7.10 and 7.13. As explained above, for short-
range LOS links, this model may be applicable to the noise and interference circumstances
of real links. For NLOS links, however, the desired signal will experience fading so that
the SNR and SIR vary in the same way as the signal level variations assuming that the
interference power is constant. Incorporating the pdf of the desired signal fading variations
into the pdf for the overall signal amplitude given in (7.13) results in

p(x, y | b) =
∫ ∞

0
p(A)p(x, y |A, b) dA (7.23)

Similarly, the fading distribution of the interference can be incorporated as

p(x, y) =
∫ ∞

0
p(b)p(x, y | b) db (7.24)



ERROR PERFORMANCE WITH NOISE AND INTERFERENCE 257

Since there are no known closed-form solutions for (7.23) or (7.24), as a practical matter
the error probability that results from the numerical integration of (7.13) for various values
of A and b provides a tabular description that can be used as a lookup table in evaluating
link error rates.

For example, Figure 7.10 shows the error rates for values of SNR and SIR. If the
desired signal fades to a certain level with a given probability, the resulting SNR will
occur with that probability so that the associated error rate will also occur with that
probability. The probability of this error rate occurring can then be compared against the
system performance criteria. The fading distribution for the interference can be handled
in a similar numerical fashion. The degree of independence of the variations in SIR and
SNR is important for fixed broadband systems, especially for correlated rain fading on
desired and interfering paths as discussed in Section 4.4.

7.4.3.1 Noise approximation of interference

An accurate continuous or discrete (tabular) function for p(A) or p(b) is unlikely to be
available for most systems, so the common approach is to make assumptions about the
distribution of the desired and the interfering signal levels. This approach is discussed in
the next section. The most common and straightforward approach to handling interference
in fixed LOS broadband systems is to simply regard the interference power to be additional
noise power. The instantaneous SNR ρ(t) is

ρ(t) = s(t)

N ′(t)
(7.25)

where the power of N ′(t) is the noise power plus the power of each of the interferers

N ′ = N +
J∑

j=1

Ij (7.26)

The validity of this assumption improves as the number of interferers increases. Even with
as few as six sine waves with random phases, the envelope begins to approach a Rayleigh
distribution like noise [15]. When the interference amplitude is also varying, by the Central
Limit Theorem, the probability distribution of the sum will approach a Gaussian distribu-
tion with a variance equal to the sum of the variances (power) of the individual interferers.
This approximation also represents a conservative approach that results in higher error
probabilities than that would occur if the interferers were treated with their real fading
distributions. For real transmitters, the interfering powers are always necessarily limited
in amplitude (a Gaussian distribution has no amplitude limits). For the occasion in which
the interference is known to come from a single identifiable interferer, the explicit pdf
approach detailed above will provide more accurate error probability predictions.

7.4.4 Error performance with frequency selective signal fading

The preceding sections discussed error rate performance in terms of noise and external
independent interference sources. For a propagation environment that creates multiple



258 MODULATION, EQUALIZERS, AND CODING

0 500 1000 1500 2000 2500 3000 3500 4000 4500 5000 5500 6000 6500 7000
0.0

0.1

0.2

0.3

0.4

0.5

0.6

0.7

0.8

0.9

1.0

1.1

1.2

1.3

R
el

at
iv

e 
vo

lta
ge

 a
m

pl
itu

de

Receiver sampling time for Symbol 4

Interfering voltage from Symbol 3

Interfering voltage from Symbol 2

Interfering voltage from Symbol 1

Symbol 1 Symbol 2 Symbol 3

Symbol 4

Time (ns)

Figure 7.14 Intersymbol interference for a channel with multipath.

signal paths between the transmitter and the receiver, there is an additional interference
mechanism due to components of the delayed multipath signals upsetting the proper detec-
tion of some subsequently transmitted symbol. This situation is illustrated in Figure 7.14.
This is known as intersymbol interference or ISI.

The signal at the sampling instant can be modeled using the interference vector
in Figure 7.9. The probability density for the composite signal vector developed in
Section 7.4.2 can also be applied to find the error rate due to ISI. Of course, the multipath
signals are typically not going to be static but vary with some distribution that can be
postulated as Rayleigh or Rician (see Chapter 4).

The real microwave systems (RMS) delay spread (see Section 3.3.1) is often used as
an indicator of the error rate for such time-dispersive channels. From the illustration in
Figure 7.14, it is straightforward to envision two delay profiles each with the same value of
RMS delay spread, but one with a low-amplitude multipath vector with a large delay, and
the second with a high-amplitude multipath vector with a small delay. The high-amplitude,
short-delay channel will have a higher error rate than the channel with the low-amplitude,
long-delay multipath. RMS delay spread can therefore be a very a misleading indicator
of error rate if no equalization or exploitation of the multipath is used in the receiver. For
simple receivers without equalization, much more specific information about the nature
of the multipath (amplitude, delay, variability) is needed before error rates can be found
for such channels.

Unlike errors resulting from noise and external interference, the error rate resulting
from the ISI cannot be reduced by increasing the transmitter power because this will
simply increase the multipath signal amplitudes by the same proportional amount; for
example, the SIR of the ISI stays the same. Instead, ISI can be effectively combated
using equalizers of various designs as discussed in Section 7.5.
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Multipath is not necessarily detrimental to system performance; multipath can also be
exploited with two techniques:

• Using a Rake receiver, it is possible to reduce fading and improve error performance,
essentially achieve time-diversity through combining of the signals on the branches
of the Rake receiver. Rake receivers are discussed in Section 8.4.4.1 of Chapter 8.

• A multipath time-dispersive channel is indicative of an uncorrelated scattering
channel that can be exploited to increase link capacity through the use of multiple-
input, multiple-output (MIMO) technology, or increase link robustness with space-
time codes (STCs). MIMO techniques are discussed in Section 6.7; STCs are
discussed in Section 7.6.7.

A receiver must have sufficient bandwidth to take advantage of this additional decorre-
lated received signal energy provided via the multipath signals. For systems with limited
bandwidth, time dispersion will manifest itself as narrowband frequency flat-fading for
which alternate remedies such as diversity reception and pilot-assisted gain control are
available to improve error performance.

7.5 EQUALIZERS

For systems in which multipath is expected and error rates must be maintained below an
acceptable threshold level, there are equalizer solutions that essentially remove most or
all the symbol distortion resulting from the multipath energy before the symbol detection
is done. Two general types of equalizers are discussed here.

7.5.1.1 Time domain symbol equalizers

Time domain equalizers have been employed in digital point-to-point microwave link
equipment for some time. In Section 4.2.4.2 of Chapter 4, the quantity ‘dispersive fade
margin’ was defined along with the standard procedure for measuring it. The dispersive
fade margin is directly related to the performance of the receiver equalizer and its ability
to correct frequency-selective channel distortions. Microwave radios without equalizers
typically have dispersive fade margins of 35 dB. Adding an effective equalizer can raise
the dispersive fade margin to 55 or 60 dB.

A linear transversal equalizer has time-delayed signal taps as shown in Figure 7.15.
The signals from the taps are multiplied by coefficients that are independently adjusted
such that the multipath components for a received symbol are adjusted to a low level and
the ISI is effectively removed. Within this general framework, there are several strategies
for adjusting the taps. The earliest and simplest is the zero-forcing (ZF) equalizer [16] in
which the signal additions due to the multipath are subtracted out by properly adjusting
the tap coefficients cj in Figure 7.15, forcing the ISI to zero. The equalizer uses a training
symbol of known value to initially adjust the equalizer tap coefficients. If the channel is
not varying, these tap settings can suffice. If the channel does vary as it normally does
with wireless communications, the coefficients need to be periodically updated. Another



260 MODULATION, EQUALIZERS, AND CODING

Δt Δt Δt Δt

c0 c1 c2 cN−1

xn

xnˆ

Algorithm for tap
gain adjustment

Σ

Figure 7.15 Linear transversal equalizer.

approach is the minimum mean-square error (MMSE) equalizer [17] in which the strategy
is to minimize the mean-square error between the received signal, including residual ISI
and noise, and the known training symbol.

The tap delay spacings in the original adaptive equalizers were set at the symbol trans-
mission interval T . Since the multipath components can arrive at arbitrary times depending
on the nature of the propagation environment, the time resolution of the equalizer adjust-
ments was not ideal and resulted in high sensitivity to choosing the sampling time. This
led to the development of fractionally spaced equalizers (FSE) in which the tap delay
spacing was less than T . As described in [17], the FSE equalizer can perform as well as
a symbol-spaced equalizer that is preceded by a matched filter. Since the matched filter
is hard to realize in practice when the channel response is not known or varying, the FSE
represents the more attractive solution.

Linear equalizers have the drawback of enhancing noise through the multiplicative
process in the tap coefficients, especially when the channel has severe amplitude dis-
tortion leading to some high tap gains. This deficiency led to the development of the
decision feedback equalizer (DFE), also called a nonlinear equalizer. A DFE uses previ-
ous detection decisions to eliminate the ISI caused by previously detected symbols on the
symbol currently being detected. Figure 7.16 is a block diagram of a DFE consisting of
two equalizers – a feedforward filter and a feedback filter. The feedforward filter is gen-
erally a fractionally spaced linear equalizer as described above. The feedback equalizer
is a symbol-spaced equalizer whose input is the set of previously detected symbols. One
drawback with DFE’s is error propagation, which occurs because of the feedback of the
detection decision from one symbol to the following symbol.

For all adaptive equalizers, the tap coefficients are periodically set to achieve some
objective such as zero ISI or MMSE. Although the tap settings can be found by solving a
set of linear equations, typically a search algorithm is used to find the optimum settings.
There are several types of search algorithms, among them the steepest descent method and
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the stochastic gradient algorithm, also called the least-mean-square (LMS ) algorithm. The
intent of each is to rapidly find the coefficients with the least computation complexity. The
LMS algorithm is the most popular approach because of its simplicity and stability [17].

These algorithms are iterative procedures in which an optimum solution can be ap-
proached arbitrarily closely depending on the number of iterations. Because each iteration
takes one symbol time, and several hundred iterations may be required, the algorithm and
gradient interval of the equalizer may be selected to be best suited for a particular type
of wireless system. For example, with fixed broadband systems in which the channel
response is reasonably assumed to be less variable than the channel response for a mobile
radio system, the parameters of the adaptive algorithm for fixed broadband receivers can
be adjusted to perform more efficiently in a more stable channel.

7.5.1.2 Frequency domain equalizers (FDE)

The objective of a frequency domain equalizer (FDE) is fundamentally the same as the
time domain equalizer – to eliminate the ISI by correcting the channel response distor-
tions. A frequency domain equalizer attempts to do this by equalizing the amplitude
and phase of the channel response over the bandwidth of interest using a process that
operates on a frequency domain representation of the signal. The concept of frequency
domain equalization has actually been around for several decades; in fact, it is commonly
found in consumer audio equipment at all levels in which the listener can manually adjust
the amplitude or volume in various frequency bands to make up for frequency response
deficiencies in the speaker system.

Ironically, adaptive FDE’s were not considered a serious option for wireless communi-
cations until an OFDM system (Eureka-147) was deployed for digital audio broadcasting
(DAB) in Europe in the 1980s. With the acceptance of the relative complexity of OFDM
in a consumer system, especially the required fast Fourier transform (FFT’s), the use
of an FDE on a single-carrier system became not only plausible but potentially a more
attractive alternative to the OFDM. For channels with long time delay ISI, FDE’s are
more effective and less complex than a DFE, to achieve the same net result.

A basic FDE is shown in Figure 7.17. The signal samples presented to the FFT can
consist of one or more samples per received symbol. The M frequency domain samples
from the FFT are multiplied by complex coefficients to correct the amplitude and phase of
the frequency response. As with the time domain equalizer, a training symbol or sequence
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and similar steepest decent or LMS algorithms are used to find the optimum coefficients.
Once equalized, the frequency domain samples are transformed back to the time domain
using an inverse FFT where detection and decoding can be done.

As shown in [6], single-carrier QPSK with FDE (SC-FDE) can outperform uncoded
OFDM in terms of error rate performance on both static and time-varying frequency-
selective channels. This occurs because an FDE exploits the frequency diversity of
the channel; OFDM requires coding to take similar advantage of frequency diversity.
In [5], results were presented comparing SC-FDE to COFDM. With convolutional cod-
ing, interleaving, and weighted soft decisions, OFDM can produce error rate results that
are comparable to SC-FDE in both static and time-varying frequency-selective channels.
Further information on the application of FDE’s to single-carrier modulation can be found
in [18].

7.6 CODING TECHNIQUES AND OVERHEAD

The basic idea of coding is to add controlled redundancy to the transmitted signal that
allows errors in data reception to be detected and corrected using forward error correction
(FEC). Coding and FEC can detect and correct errors due to noise, fading, multipath,
external interference, and other channel impairments. Codes can be designed that auto-
matically correct a certain number of errors and detect an even larger number. For errors
that are detected but not corrected, the receiver can request a retransmission of the data
block that contained an error that could not be corrected. This is known as automatic
retransmission request (ARQ) and is a necessary part of any wireless (or wired) data
communications system. Of course, any retransmission detracts from the total link data
throughput, so it is worthwhile to design a system to avoid such retransmissions. ARQ
also causes a round-trip delay in the delivery of the data, which may make it unsuitable
for real-time applications such as voice or video conversations. The usual emphasis, then,
is to design coding schemes for use in wireless equipment that are sufficiently robust to
accommodate both real-time and non real-time applications.

Any coding scheme necessarily adds ‘overhead’ to the signal. Overhead are data bits
that the system needs for successful performance that do not carry information. Overhead
also includes transmitted bits used for synchronization, equalizer training, system con-
trol and management, and so on. The bits that are exclusively used for information are



CODING TECHNIQUES AND OVERHEAD 263

sometimes referred to as the payload. The system overhead may vary from 10 to 50% or
more, a fact that should be borne in mind when the total link and net link capacities are
considered with respect to the data rate delivery expectations of the end user.

Current coding schemes fall into one of the three general categories: block codes,
convolutional codes, and space-time codes. These coding methods are discussed in the
following sections.

7.6.1 Block codes

A block encoder takes a sequence or block of k data symbols and encodes it into a
sequence or block of n code symbols. The encoded block is a vector called a code word ;
the number of redundant symbols is n − k, and the code is referred to as an (n, k) code.
The degree of redundancy introduced into the code word by this process is called the
code rate, Rc, and is given by the ratio k/n where n > k. The inverse of the code rate
also indicates the amount of overhead added to the transmission by the coding. A rate 3/4

code requires 4 code word symbols for every 3 data symbols, so the coding overhead is
approximately 33%.

The elements in the code word are drawn from an alphabet of q elements. If the
alphabet has only two members, 0 and 1, the code is a binary code and the elements in
the code word are bits. If the number of elements is greater than 2 (q > 2), the code is
nonbinary. It is clear that if a code word has n elements, the number of possible code
words is qn. For a binary code, the number of possible code words is 2n, the number of
code words needed to represent the possible information bit sequences is 2k . The encoder
will map a set of k information bits into an n length code word selected from the 2k

code words.
In addition to codes being classified as binary or nonbinary, they can also be classified

as linear or nonlinear. If two code words Ci and Cj are considered, and a1, a2 are two
elements of the alphabet, a code is said to be linear only if a1Ci + a2Cj is also a code
word. This also indicates that a linear code must contain an all-zero code word.

An additional basic parameter that describes a code is the code word weight. The code
word weight is the number of nonzero elements that it contains. Considering the weights
of all the codes is called the weight distribution or weight enumeration.

The basic objective in adding the redundant n − k symbols is to increase the Hamming
distance between any two code words. The Hamming distance is calculated as the number
of symbols that are different between two code words. If the binary code word Ci has the
sequence 00110011 and binary code word Cj has the sequence 01010101, the Hamming
distance between Ci and Cj is 4. For a linear code that necessarily has a zero code word,
the weight of the code word is the Hamming distance to the zero code.

For a minimum Hamming distance of dmin between any two code words, the code can
correct t errors where t is given by

t ≤ int
(

dmin − 1

2

)
(7.27)

The function int(·) is the integer function that rounds the argument down to the nearest
integer value (since it is not possible to correct a fraction of a symbol). The minimum
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Hamming distance dmin depends on the number of redundant code symbols n − k. The
upper bound of the Hamming distance is given by dmin ≤ (n − k) + 1. If 4 redundant data
symbols are added, the largest dmin can be is 5, and the largest number of bits in a code
word that can be corrected from (7.27) is 2.

A number of binary linear codes have been developed over the years that differ pri-
marily in how the code words are constructed. A Hamming code is one in which

(n, k) = (2m − 1, 2m − 1 − m) (7.28)

where m = n − k is any positive integer (m ≥ 2) and dmin = 3. From (7.28), with this
minimum distance a Hamming code is capable of correcting one bit error, a rather limited
capability compared to other coding schemes.

A Hadamard code is one in which the code words are selected from the rows of an
N × N Hadamard matrix. A Hadamard matrix is a matrix of 0s and 1s in which any row
differs from any other row in exactly n/2 vector elements. This necessarily implies that
N must be an even integer. As a linear code, one row of the matrix contains all zeros
and the other rows contain n/2 ones and n/2 zeros.

7.6.1.1 Cyclic codes

Cyclic codes are a type of linear block code that have defined relationships between
code words that makes encoding and decoding easier to implement. A cyclic code is
one in which code word Ci = [cn−1, cn−2, cn−3, . . . , c0] can be formed into code word
Cj = [cn−2, cn−3, cn−4, . . . , c0, cn−1] by a cyclic shift of the code elements. All cyclic
shifts of C are therefore valid code words. Generating cyclic codes follows a straightfor-
ward algebraic process using generator polynomials. A detailed description can be found
in [19].

A Golay code is a special (23,12) binary linear code with dmin = 7. By adding a parity
bit, it becomes an extended (24,12) Golay code with dmin = 8. A Golay code can be
generated as a cyclic code using a generator polynomial given in [19].

The Bose–Chaudhuri–Hocquenghem (BCH) codes are a large group of cyclic codes
that can use both binary and nonbinary alphabets. Binary BCH codes have the parameters

n = 2m − 1

n − k ≤ mt

dmin = 2t + 1 (7.29)

These parameters allow a wide range of codes with different code rates and error cor-
rection capabilities to be created. As with other cyclic codes, there are specific generator
polynomials to create the codes. The coefficients of the generator polynomial for various
block lengths are tabulated in various texts on digital communications and coding such
as the one in [19].

As mentioned, BCH can be binary or nonbinary. An important subset of nonbinary
BCH codes is Reed–Solomon (RS) codes. For nonbinary codes, the alphabet consists of
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q elements (q > 2). As before, the length of a nonbinary code is indicated by N ; the
number of information symbols is indicted by K. The minimum distance is given by
Dmin. The nonbinary block code is thus specified as (N, K) with N − K added code bits.
If the code is a systematic code, the code symbols are appended on to the end of the
information symbols in the form of parity check symbols.

RS codes are described by the following parameters:

N = q − 1 = 2K − 1

K = 1, 2, 3, . . . , N − 1

Dmin = N − K + 1

Rc = K/N (7.30)

The number of symbol errors, t , that the RS codes can correct has an upper bound of

t = (Dmin − 1)/2

= (N − K)/2 (7.31)

RS codes are attractive for wireless communications because of the good distance
properties between code words; in fact, it is a maximum-distance code that produces
the largest possible Dmin for any given linear code (N, K) [20]. There are also efficient
decoding algorithms that are readily implemented in hardware designs.

7.6.2 Concatenated codes

The block codes described above can be used in conjunction with, or concatenated with,
each other, or with the convolutional codes described in the next section. The motivation
for using concatenated codes is that the error-correcting performance achieved for a given
complexity can be superior to that achieved using a single code alone, largely due to the
wider range of different error patterns each code is most suited to correcting in high
and low SNRs. When used with interleaving, this approach is also found to have good
error-correcting properties for channels in which the errors occur in bursts, a property
typical of most fading wireless channels.

The two concatenated codes are usually described as the inner code and the outer
code. Typically a nonbinary code such as an RS code is used as the outer code and a
binary block code or convolutional code is used as the inner code. The combined code
is then denoted as an (Nn, Kk) code with code rate Rc = Kk/Nn and minimum distance
d = Dmindmin.

7.6.3 Interleaving

Interleaving is a systematic way of shuffling the order in which the symbols are transmitted
over a wireless channel. Usually, the code words are arranged in an interleaving matrix
and sent to the modulator in the opposite dimension they were entered. For example, if
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the code words were used to populate the rows of the matrix, the symbols would be sent
to the modulator in a column-by-column order. For channels in which the errors are not
uniformly distributed but instead come in bursts or clusters as might be expected with a
sudden deep fade, interleaving results in the corrupted symbols being distributed among
multiple code words. Since coding schemes are designed to correct a limited number
of symbol errors within a code word, it is reasonable to spread the erroneous symbols
over several code words instead of grouping them into a single code word where it is
less likely that they can be corrected. Interleaving is a standard part of most modern
digital communication systems. It requires no additional overhead bandwidth, but it does
introduce a delay since all the code words that populate an interleaving matrix must be
received before any can be extracted and sent on to the decoder.

7.6.4 Convolutional codes

The block codes described above are well suited to transmitted information that lends itself
to being divided into blocks, such as data packets. However, convolutional codes have
actually become more popular, especially for cellular radio applications. This is primarily
due to the existence of very simple decoding algorithms (such as the Viterbi algorithm)
that can achieve significant coding gain at near optimum theoretical performance. For fixed
broadband wireless systems, both block and convolutional codes with be encountered in
equipment design.

Convolutional codes can also be described in terms of (n, k) with a code rate Rc = k/n.
Convolutional codes are distinguished from block codes in that the encoder output is a
function not only of a present block of k information symbols but also of the previous
information symbols. The dependence on previous information symbols results in the
convolutional encoder being a finite state machine (FSM).

A convolutional encoder is shown in Figure 7.18. It consists of L banks of shift
registers, each holding k information symbols. At each state of the encoder, the shift

k2 3 k2 3 k2 3
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k

n -bit
code word

1 2 n

Shift register Shift registerShift register

1 11

Figure 7.18 A convolution encoder.
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registers contain k-bit sequences. The contents of the registers are added together to form
the n-bit code word. Which registers are added together to form which code word elements
depends on the code generation polynomial.

In addition to the information symbol sequence k and the code word length n, a
convolutional code is also described by the constraint length L. The constraint length is
simply the number of shift register groups that hold the sequence of information symbols,
as shown in Figure 7.18.

Convolutional codes can be decoded in a variety of ways that represent states in a
trellis decision tree. The most widely used of these in the Viterbi algorithm [21]. A more
detailed discussion of convolutional codes, their encoding and decoding algorithms can
be found in several texts such as those in [22,23].

7.6.5 Trellis-coded modulation (TCM)

Trellis-coded modulation (TCM) gained interest in the early 1980s with the published
work of Ungerboeck [24–26]. TCM is an amalgamation of coding and modulation that
provides a coding gain of 3 to 6 dB without the additional bandwidth necessary for the
redundant coding symbols. This was an important innovation that was quickly adopted in
many areas of wireless communications.

TCM uses a rate k/n convolutional encoder and directly maps those points onto a set
of signal constellation points using a technique called mapping by set partitioning. This
approach has these basic features:

• A modulation signal constellation (like 64QAM constellation in Figure 7.3b) is used
that has more points than would be necessary for the information message alone at
the same data rate. The additional signal constellation points essentially increase the
modulation efficiency in bits/Hz without increasing the occupied bandwidth.

• The expanded signal constellation is partitioned into subsets in such a way that the
Euclidean distance between subsets at each stage of the partitioning is maximized.
The Euclidean distance is the magnitude of the multidimensional vector between the
signal constellation points in the two subsets.

• The convolutional coding and signal mapping are arranged so that only selected
sequences of signal points are used.

As shown earlier in this chapter, modulation with a larger number of signal constellations
states will have a larger error rate for a given SNR (Eb/N0). It seems counterintuitive,
then, to use such a constellation. However, this increase in error rate is smaller than the
decrease in error rate that is achieved by using coding among the constellation states.
Fundamentally, this is how TCM achieves its advantage.

The performance of TCM has been analyzed in additive white Gaussian noise (AWGN)
channels, and channels with flat Rician and Rayleigh fading. From this, rules have been
formulated for designing trellis codes for fading channels as set forth in [27].

It should be clear from the above discussion that TCM requires modulation types other
than simple binary modulation like BPSK. TCM is well suited to 16QAM, 64QAM, and
256QAM, which are already widely used in high-capacity digital microwave radio. The
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use of TCM for these radio systems provides coding gain without sacrificing information
throughput to coding overhead.

7.6.6 Coding gain

The error rate improvement achieved through the use of coding is often called the coding
gain. The coding gain in dB is the reduction of the SNR needed to achieve the same
detected/decoded error rate as the uncoded raw error rate. For example, if a SNR of
10 dB is needed to achieve a raw error rate of 10−6, and the same error rate can be
achieved with coding and an SNR of 6 dB, the system is said to have a coding gain of
4 dB at an error rate of 10−6. The coding gain will clearly be a function of the code rate
and code design, especially the minimum Hamming distance of the code.

If the raw symbol error rate of the channel is denoted as PM , the code word error
rate can be found by viewing the symbols in the code word as independent Bernoulli
trials. Independence of adjacent symbols is achieved through interleaving. If the code is
guaranteed to correct t symbol errors, then the probability, Pcw , a code word will have
an error is given by the standard probability for Bernoulli trials [28]

Pcw ≤
n∑

i=t+1

(
n

i

)
P i

M(1 − PM)n−i (7.32)

where (
n

i

)
= n!

i!(n − i)!
(7.33)

Note that the inequality in (7.32) occurs because the code may in some cases be capable
of correcting more than t errors but is not guaranteed to do so. The improvement in error
rate from coding is clear from (7.32).

When a code word error is made, the symbol error probability is given by [29]

PMC = 1

n

n∑
i=t+1

i

(
n

i

)
P i

M(1 − PM)n−i (7.34)

When the decoded symbols are converted to bits, the bit error probability Pb from (7.34)
is

Pb = 2k−1

2k − 1
PMC (7.35)

The net error rate after decoding is often the quantity specified by the system operator
and offered to the customers as a specification of the data service. Depending on the
service type, this final error rate may be very low, and perhaps only achieved through the
use of ARQ even with the improvements available through coding. For real-time services
such as voice, ARQ may not be viable in which case the system will rely entirely on the
coding for error correction with the expectation that the residual errors will be infrequent
enough to go unnoticed by the end user.
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With a final net error rate objective, the coding gain can then be used to find the
necessary raw error rate, which in turn dictates the minimum SINR. For a fading link,
and a given link availability objective, this minimum SINR (and error rate) can only
occur a small fraction of the time. The error rate may then be specified as averaged over
a 1-min, 5-min, 1-h or similar time frame that is relevant to service users. This leads to
the idea of adaptive coding, which becomes more robust during fading events. This is
similar to the adaptive modulation mentioned earlier in this chapter.

7.6.7 Space-time codes

STCs are codes constructed to exploit the uncorrelated channel response differences that
exist when using multiple transmit antenna elements and optionally, multiple receive
antenna elements. Multiple-input, multiple-output (MIMO) antenna systems are discussed
in Section 6.7.1.

As stated above, coding is the technique of adding redundant symbols to the transmitted
signal to improve the ability of the receiver to correctly detect the information data. As
described above, conventional coding uses redundancy in the time domain by adding code
bits to the time sequence of information bits. A STC uses both the time and space domains
to send redundant information to the receiver, the space domain being represented by
separate antenna elements distributed in space. This redundancy idea can also be extended
to other dimensions of the wireless channel including frequency and polarization, for
example.

With STCs, multiple transmit antennas are used to send separate data streams made
up of symbols that are organized to achieve performance improvement when detected at
the receiver. One of the earliest and simplest examples of an STC is found in the work
of Alamouti [30]. This technique will be discussed in detail here for two reasons: (1) it
is a straightforward example of link improvement through space-time coding, and (2) the
Alamouti method is specified in the draft of the Institute of Electrical and Electronic
Engineers (IEEE) 802.16a Standard for 2 to 11 GHz systems as an optional technique for
link improvement.

Figure 7.19 shows the Alamouti method using two transmitting antennas and one
receiving antenna. This was originally intended as a way to achieve diversity gain at a cel-
lular handset without the burden of adding a second antenna with associated RF/intermedi-
ate frequency (IF) circuitry, or additional bandwidth and overhead, to achieve diversity
gain. The signals from the two antennas are a sequence of two symbols or symbol blocks,
shown as s1 and s2 in Figure 7.19. During the first-symbol period at time t , the symbols
sent from Antennas 1 and 2, respectively, are s1 and s2. During the second-symbol period
at time t + T , the symbols sent are −s∗

2 and s∗
1 . The received signals at time periods t

and t + T are

r1 = r(t) = h1s1 + h2s2 + n1

r2 = r(t + T ) = −h1s
∗
2 + h2s

∗
1 + n2 (7.36)

where h1 and h2 are the channel transfer functions from each of the transmitting antennas
to the single receive antenna.
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Figure 7.19 Alamouti two-branch transmit diversity with space–time coding.

The combiner produces two estimates of the symbols ŝ1 and ŝ2

ŝ1 = h∗
1r1 + h2r

∗
2

ŝ2 = h∗
2r1 − h1r

∗
2 (7.37)

Inserting the received signals from (7.36) and the channel response from the Figure 7.19
yields

ŝ1 = (α2
1 + α2

2)s1 + h∗
1n1 + h2n

∗
2

ŝ2 = (α2
1 + α2

2)s2 − h1n
∗
2 − h∗

2n1 (7.38)

From [30], this is the same result as for a maximal ratio combiner (MRC) with two
diversity antennas at the receiver, thus achieving the desired diversity gain result but by
using only a single receiving antenna.

In this case the STC is the redundant transmission of the symbols s1 and s2 on the
two transmitting antennas, but during the second-symbol transmission time, it is reversing
the antennas that send the symbols, and sending the complex conjugates of each symbol.
The sign of one symbol is also reversed. This STC achieves diversity gain, which in turn
will substantially improve the BER in fading channels without additional bandwidth or
power. In [30] the concept is extended to multiple receive antennas that provide smaller
incremental diversity gain as might be expected. As with any block code, one drawback
of the Alamouti scheme is that there is a delay of one symbol time in recovering the two
symbols. For a single-channel symbol, this is not a problem, but if the symbols s1 and
s2 represent long code blocks, this delay could be significant for real-time applications.
Also, if the total transmit power remains the same (half to each transmit antenna), the
Alamouti scheme also suffers a 3 dB penalty compared to MRC in a receiver using two
diversity antennas for reception.
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The Alamouti technique is an example of a space-time block code (STBC). The concept
of space-time block codes can be generalized to more than two symbols and more than
two transmitting antennas. The space-time code word for Q length symbol blocks and N

transmitting antennas is

C(k) = [ c1(k) c2(k) . . . cQ(k) ] =

⎡
⎢⎢⎢⎣

c11(k) c12(k) . . . c1Q(k)

c21(k) c22(k) . . . c2Q(k)

...
...

. . .
...

cN1(k) cN2(k) . . . cNQ (k)

⎤
⎥⎥⎥⎦ (7.39)

Each row in (7.39) is a space-time symbol and each element a linear combination of
possible channel symbols s. Each space-time symbol in C can be sent in vertical layers as
shown in (7.39), or it can be broken into subblocks so that one subblock is sent on each
of the antennas. The latter approach is often called diagonal space-time layering since
the subblocks of each space-time symbol lie on a diagonal across the matrix C.

The received signal y(k) across a channel with response H can be written as

y(k) = √
EsHC(k) + n(k) k = 1, 2, 3, . . . , Q (7.40)

where
√

Es is the energy per space-time symbol, so that
√

Es/N is the energy per con-
stellation point within the code word.

Each symbol block may itself be separately encoded using a block code such as those
described in Section 7.6.1. There are various approaches to designing the codes to create
the space-time symbols, the most obvious being orthogonal block codes in which the
space-time symbols (rows) are orthogonal. The Alamouti two-symbol code uses this
approach. The maximum likelihood sequence estimator (MLSE) then decides which sym-
bol was transmitted by calculating the Euclidean distances (analogous to the Hamming
distance) between the received code word and the constellation of possible code words
and chooses that code word with the smallest distance. From this, error rates can be
determined by finding the probability of the incorrect code word being detected, which
in turn depends on the Euclidean distance between code words. The derivation of this
pairwise error probability is somewhat involved but can be found in [31] and several
other publications. For code words C and E, the probability, averaged over all channel
realizations, that E will be detected when C is sent is given by an upper bound

Pr(C → E) ≤
(

Es

4N0

)−r(BC,E)M r(BC,E )−1∏
i=0

λM
i (BC,E) (7.41)

where M is the number of receive antennas and

BC,E = (C − E)T (C − E)∗ (7.42)

The term r(BC,E) denotes that the rank of matrix BC,E and λi(BC,E) are the nonzero eigen-
values of BC,E . The term N0 is the noise power so Es/N0 is the SNR. The superscript T
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indicates the transpose of the matrix; the superscript ∗ indicates the transpose with complex
conjugates of each matrix element.

In addition to block codes, trellis coding can also be used as described in [31]. The
design criteria for space-time (ST) trellis codes (STTC) are summarized in [31] as:

• Rank Criterion: Maximum diversity is achieved for N transmit and M receive anten-
nas when the matrix BC,E is full rank for every pair of distinct code words.

• Determinant Criterion: With diversity advantage of N × M as the objective, the
minimum of the determinant of BC,E taken over all distance code word pairs C, E
should be maximized.

Generally, trellis codes can outperform block codes in terms of error rate and diversity
but require increased receiver complexity.

From [30], an original objective of STCs was to provide diversity improvement in
narrowband flat-fading channels without adding receive antenna diversity. The best per-
formance improvement is also achieved when the channels are uncorrelated. When these
assumptions are not valid; that is, the channel is time-dispersive (frequency-selective
rather than flat-fading), and/or correlated to a significant degree, the available perfor-
mance improvement with STC is more limited. For this reason, ST codes have primarily
been of interest when used with OFDM when the cyclic prefix (CP) or zero-padding
(ZP) can be inserted to avoid the channel time where multipath signals arrive at the
receiver. Both approaches reduce bandwidth efficiency. The percentage reduction can be
made small by increasing the block length, but long block lengths are undesirable in a
packet-based network with packet acknowledgement retransmission (see Chapter 9).

The ST code performance is described for a single user rather than multiple users in
a multiple-access, interference-limited system. In such networks, the link performance
will suffer because the number of antennas with interfering signals is increased by N

when using STC (even though these antennas are close together and the same total power
is distributed among them). As with any modulation/coding scheme, multiuser interfer-
ence (MUI) can be reduced using beam-forming antennas as described in Section 6.6,
but beam-forming requires multiple receive antennas that can only eliminate M − 1 inter-
ferers [32]. The use of STBC with multicarrier code division multiple access (CDMA)
(see Section 8.7.1 for MC-CDMA) where the spreading codes are specifically designed
to suppress interference is described in [33].

For fixed broadband NLOS networks, the use of OFDM with STC and MIMO technol-
ogy is an approach that is being actively pursued. The success of this approach in single
link situations has been demonstrated in the field tests (see references for Section 6.7),
but at the time of this writing, tests of its performance in high-density MUI environments
have not been reported.

7.7 CONCLUSION

There are a wide variety of modulation techniques available to a wireless system designer.
Those discussed in this chapter including M-ary PSK, M-ary QAM, and OFDM are either
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the most widely used now or under active development for both LOS and NLOS fixed
wireless systems. Several other modulation schemes such as M-ary FSK (frequency shift
keying) are also available. The choice of a modulation constellation is driven by the
required spectral efficiency in bps/Hz as derived from the available channel bandwidth and
required channel data rate capacity. For a given link with power and noise limitations, this
will also determine the link range for a given availability. Robust systems use adaptive
modulation that maintains the link connection at acceptable error rates by reverting to
lower level modulation formats and low rate codes when the link is stressed with rain
fades, interference, or other impairments.

Errors due to ISI in time-dispersive channels can be effectively combated using both
time domain and FDE. There are various trade-offs associated with the use of various
equalizers in terms of expected channel delay spread and the severity of the ISI distortion
that must be corrected. The appropriate choice of equalizer strategy will therefore depend
on the nature of the scattering and multipath, which in turn depends on the nature of the
propagation environment.

Coding schemes, especially TCM, provide a means of improving the net system error
rate over the raw system error rate by several orders of magnitude. Coding can correct
errors resulting from noise as well as interference. (STCs) are one of the more promising
approaches that use multiple transmit antennas to exploit the spatial dimension along with
the time dimension of the wireless channel to achieve diversity gain and improved error
rate performance.

Modern fixed broadband wireless systems use many of these techniques in various
combinations to achieve high reliability links. Understanding the parameters involved
in modulation, equalizers and coding, and how they impact the system performance, is
important for successful wireless system design.
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8

Multiple-access techniques

8.1 INTRODUCTION

The wireless communication spectrum from approximately 150 kHz to 100 GHz is
segmented into bands that have been designated for use by particular kinds of wireless
services. These designations have been established by the International Telecommunica-
tions Union (ITU) on a worldwide basis, with further spectrum partitioning instituted by
countries within these broader spectrum designations. Dividing the spectrum into blocks
so that a multitude of users can have simultaneous access to it without conflict is the most
basic form of frequency division multiple access (FDMA). While global spectrum parti-
tioning is the mechanism for multiple access to the entire spectrum, for wireless systems
operating in a particular geographic area in the same frequency band, multiple access
means the simultaneous access to the same frequencies or channels within the same area
by multiple users. In this context, ‘simultaneous’ means the system end user perceives
the service to be continuous and immediate whether or not the wireless system is actually
providing information to that user on a continuous and immediate basis. Service that is
not perceived as continuous or immediate by the user (blocked or dropped calls in a
cellular system, for example), or is otherwise flawed, is considered to have low quality
of service (QoS). The number of simultaneous users that can be supported at a given
QoS level is one measure of the capacity of the system and therefore directly tied to its
success in achieving its service and commercial objectives. The capabilities of the sys-
tem’s multiple-access technology is therefore of fundamental importance in determining
whether these objectives can be met.

While the multiple-access QoS delivered to the user is a function of the service type
and acceptable service delay, the radio channel performance criteria for all multiple-access
schemes can be reduced to the fundamental consideration of interference between sys-
tems (intersystem) and within systems (intrasystem). Controlling intersystem interference
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is usually the role of administrative rules or industry standards since the system operators
competing for use of the spectrum will not necessarily conduct themselves in a coopera-
tive way. The systems competing for use of the spectrum could be operating in adjacent
geographic areas or could be operating in the same geographic area or market.

By contrast, intrasystem interference is caused by transmitting nodes within the network
over which the operator has complete control. Within the broader context of avoiding inter-
system interference and complying with any mandated modulation types, channelization
formats, and so on, the system operator has considerable flexibility in choosing technology
and multiple-access techniques to maximize system capacity and service levels. Since the
greatest advantage can be gained for the operator through an intelligent system design to
enhance capacity, intrasystem multiple access will be the primary subject of this chapter.

As noted in [1], the radio spectrum is a natural resource that is distinctly different from
other natural resources such as forests, petroleum reserves, water sources, and so on. It
is not depleted through use – extraordinarily, it is only wasted when it is not being used.
The most efficient spectrum usage is achieved by maximizing the occupancy of time,
frequency, and space within a designated frequency band.

8.1.1 Intersystem multiple access

Within a given frequency band in the same general geographical area, there may be several
users who seek to operate their systems without destructive interference from other users in
the same frequency band and area. The criteria for when destructive interference occurs are
often written into the administrative rules for the spectrum such as those found in the Rules
of the Federal Communications Commission (FCC). These rules can be quite detailed,
such as those governing two-way multipoint, multi-channel distribution service (MMDS)
systems in the United States where the specific propagation model, databases, system
description, calculation methods, and interference thresholds are specified in detail. These
specific methods must be used in order to be granted authorization to build a network
in the MMDS spectrum (2.5–2.7 GHz) [2]. In contrast, the FCC Rules for intersystem
interference for cellular and personal communications service (PCS) systems only describe
power density limits beyond the boundaries of the system service limits.

Besides government statutes, there are also industry standards that have been estab-
lished to accomplish harmonious sharing of spectrum among various users. Again, these
can be quite detailed like the Telecommunication Industry Association (TIA) TSB-88-A
for calculating interference and spectrum compatibility between mobile radio systems [3].
Other industry standards such as the interoperability standard for 10 to 66 GHz developed
by the Institute of Electrical and Electronic Engineers (IEEE) 802.16 Working Group do
not specify parameters for interference calculations but simply leave much of this to rely
on ‘good engineering practice’ that can certainly lead to significant differences of opinion
about how interference should be calculated and whether it is ‘destructive’ [4].

The spectrum administration rules and industry standards are all nonhardware mecha-
nisms to achieve successful FDMA among various spectrum users. They are driven by the
capabilities of the technology to the extent that the rules can allow tighter spectrum sharing
when the technology employed by the operators is less susceptible to external interference.
For example, at various times in the past the FCC has mandated the use of equipment



INTRODUCTION 277

and antennas that meet certain technical performance thresholds (out-of-band emissions,
modulation efficiency, receiver bandwidth, antenna directionality, etc.) to increase the
number of users and systems that can be accommodated within a spectrum band. Spectrum
capacity and how technologies affect capacity is discussed further in Chapter 12.

8.1.2 Intrasystem multiple access

A given fixed broadband network may have one or more users all of whom require service
of a given capacity, quality, and consistency. The capacity, quality, and consistency may
be embodied in a contractual commitment between the service operator and the end
user. The system capacity and the extent to which the system can accommodate the
predicted traffic levels (and requisite service quality) are the primary design drivers. The
way in which the available spectrum is partitioned for sharing by multiple users, and the
multiple-access technologies that are then used, directly affects the traffic volume that can
be supported. The capacity and quality issues ultimately determine whether the system
can meet the commercial objectives of the system operator who seeks a system that is
profitable, sustainable, and scalable to serve increasingly dense and dispersed demand.

In Chapters 7 and 12, the concept of adaptive modulation is discussed in which the
modulation type is adjusted to respond to the conditions of the wireless channel. Multiple
access can also be adapted in the same way to fulfill the requirements of service agree-
ments with the end users. Wireless operators can construct several service levels with
different price structures that offer different levels of access. These service levels vary
from top-level service in which the end user is provided with immediate best access to the
network when requested to lower-level access that is often described as ‘best effort’. The
Internet is an example of a network with a ‘best effort’ service objective. An adaptable
multiple-access scheme is therefore not just a technical mechanism to increase capacity
but is also a fundamental part of the system operator’s business plan.

8.1.3 Duplexing

Duplexing is the term given to the method used to accomplish two-way communication
between terminals of a point-to-point link or between a network hub and a remote terminal.
Two methods to duplexing are used in fixed broadband wireless – frequency division
duplexing (FDD) and time division duplexing (TDD). Unless mandated by administrative
rules (which is the case for many services), the choice of the duplexing method is generally
independent of the multiple access and modulation techniques used.

FDD is currently more widely used for fixed broadband wireless. With FDD a separate
frequency is assigned for hub-to-remote communication (downstream or downlink) and
for remote-to-hub (upstream or uplink) communication. The frequency separation between
uplink and downlink channels is usually chosen to be great enough so that construction
of suitable filters to separate the two signals at a given terminal is practical. FDD is the
approach used with all 1G, 2G, and most 3G cellular systems, as well as most other
mobile communications. However, when the volume of downlink and uplink traffic is not
symmetric as may be the case with nonvoice data services, FDD results in an underutilized
spectrum, usually on the uplink, which is inefficient. This has lead to an increased interest
in TDD in recent years.
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TDD uses the same frequency or circuit for both uplink and downlink communications
between the network hub and remote terminal. In the broader wireless communications
world, TDD is referred to as simplex transmission; the ‘TDD’ appellation has come into
vogue only recently. TDD is actually the oldest form of duplexing, having been used for
telegraph communications some 150 years ago, in which an operator would transmit a
message and then listen for a response. Simplex or TDD is also used in many current-
day communication systems such as aircraft communications in which all aircraft and
the airport tower use the same frequency to send and receive voice messages. TDD
potentially can make more constant and efficient use of a radio channel, especially for
asymmetric uplink–downlink traffic flow. However, because both hub stations and remote
transmitters can potentially use the same frequency, the interference considerations, and
synchronization of transmissions to avoid interference, become more complex. This can
impact the extent to which frequencies may be reused within a system.

The technical issues associated with FDD and TDD will be discussed in this chapter
with particular consideration of spectrum efficiency and how interference calculations
should be carried out.

It should also be mentioned that duplexing can be accomplished using multiple delivery
technologies. For example, some proposed broadband systems use relatively high-speed
satellite transmission or television broadcast channel transmission for the downlink and
a relatively slow-speed telephone line for the uplink, again motivated by the assump-
tion that the downlink traffic volume is greater than the uplink traffic volume. Because
such hybrid systems are not entirely wireless, they will not be considered further in
this book.

8.2 FREQUENCY DIVISION MULTIPLE ACCESS
(FDMA)

With FDMA, the spectrum available to the system operator is segmented into frequency
channels. A frequency channel or slot is a ‘physical’ channel that is identified by its center
frequency and bandwidth. When a remote terminal is installed, or initiates communication,
a frequency channel is assigned to support the communication between the system hub
and that terminal. If the system uses FDD, both an uplink and downlink channel are
assigned. If the system uses TDD, only a single channel is assigned for both uplink and
downlink. The bandwidth of the frequency slots can be uniform or variable. In many cases,
administrative regulations, and sometimes industry standards, mandate the channelization
scheme so that all channels are of uniform width. Figure 8.l shows a simple diagram of an
FDMA with N channels that are occupied full time. Figure 8.2 shows the traditional view
of the spectrum axis with the radio channels of varying bandwidths and a representation
of the power spectral density (PSD) within each allocated channel.

The channel assignment process can be done statically as part of the planning pro-
cess in which a given frequency is assigned to a terminal when the terminal is installed.
The channel may also be assigned dynamically whenever the terminal initiates commu-
nication. This is the standard approach used in cellular systems. The assignment criteria
for selecting a channel include interference avoidance and, in systems with bandwidth
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flexibility, adequate bandwidth to support the data rates required by the terminal. An
effective channel assignment process is fundamental for achieving efficient use of the
spectrum. Accordingly, frequency assignment and planning will be discussed in some
detail in Chapter 12 for particular network configurations.

Essentially all wireless systems use FDMA in some form, even systems that are
normally referred to as time division multiple access (TDMA) systems. For example,
the IS-136 TDMA cellular system used in the United States uses the same FDMA chan-
nelization scheme as the first generation advanced mobile phone service (AMPS) cellular



280 MULTIPLE-ACCESS TECHNIQUES

system; it additionally allows multiple users per channel by dividing the channel into
assigned time slots (TS). A similar approach is used for the global system for mobile com-
munications (GSM) cellular system deployed in many parts of the world: 124 frequency
channels are shared by dividing each into 8 assigned TS. Therefore, FDMA should be
recognized as a ‘first level’ multiple-access approach used to some extent by all wireless
technologies with further multiple access achieved through ‘second level’ spectrum parti-
tioning of each FDMA channel using TDMA, code division multiple access (CDMA), or
space division multiple access (SDMA). TDMA, CDMA, SDMA, and variations of these
techniques are discussed in the following sections of this chapter.

8.2.1 FDMA interference calculations

The interference in an FDMA channel can come from three sources:

• Cochannel interference from other transmitters occupying some or all of the frequen-
cies of the receiving channel currently used by the victim receiver.

• Adjacent channel interference from transmitters occupying some or all of the fre-
quencies either above or below the receiving channel of the victim receiver.

• Spurious interference from intermodulation products and other, often unidentifiable,
sources.

Spurious interference can usually be controlled to an acceptable level by proper installation
techniques and equipment usage and is thus not a part of the design process. This section
will focus on cochannel and adjacent interference.

The signal-to-interference + noise ratio or SINR, is the fundamental quantity that usu-
ally serves as a design objective for determining whether the interference level is accept-
able. SINR is given by

SINR = γ = S

I + N
(8.1)

Each of the variables in (8.1) is a random process. Calculation of the noise power, N ,
and the interference power, I , in (8.1) is discussed in the following sections.

8.2.1.1 Noise power

The noise voltage N is usually assumed to be a zero-mean Gaussian random vari-
able, with the power given by the variance of its amplitude distribution. The noise can
come from a variety of sources but for frequencies above 2 GHz, the dominant noise
source is thermal noise in the receiver circuitry and antenna system. The noise con-
tribution from these sources is characterized by the noise figure. A perfect device that
contributes no noise to the system has a noise figure of 1 or 0 dB. For other values
of noise figure, the noise power density η (variance of the Gaussian distribution) is
given by

η = (F − 1)KbT0 (Watts/Hz) (8.2)
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where F is the noise figure, Kb is Boltzmann’s constant = 1.37 × 10−23, and T0 is the
ambient temperature in degrees Kelvin of the environment in which the device operates;
it is usually taken to be 290◦. The noise of the device can also be characterized by its
effective noise temperature Te, which is related to noise figure by

Te = (F − 1)T0 (8.3)

For very low noise devices such as cryogenically cooled amplifiers, the effective noise
temperature is often the preferred way to characterize the noise contributed by the device.

The noise power density given by (8.2) can be used to find the total noise power N at
the input of the receiver in a given bandwidth by simply multiplying by that bandwidth
B

N = (F − 1)KbT0B (8.4)

The bandwidth used here is called the equivalent noise bandwidth, a uniform rectangular
bandwidth that produces the same noise power as the actual receiver filter bandwidth.
The noise figure in (8.4) is the noise figure for the entire receiving system, although the
first stage of a receiver is usually the most significant contributor to the total system
noise. Using the manufacturer’s noise figure for the receiving equipment for the relevant
bandwidth provides the system noise floor via (8.4). A 6-MHz MMDS system with a
4-dB noise figure will have a noise floor of −134.4 dBW or −104.4 dBmW. Link thermal
fade margins are calculated by comparing the mean received signal power with the noise
floor power.

The signal, interference, and noise powers in a receiver system, and the resulting
SINR value, are normally referred to the input terminals or connector of the receiver. The
transmission line loss is taken into account by appropriate attenuation of the signal and
interference powers. Alternately, the SINR calculation could be referred to the antenna
terminals in which case the transmission line loss adds directly to the noise figure and cal-
culated noise power, but the signal and interference are not attenuated by the transmission
line loss. The two approaches result in the same value of SINR.

Since the transmission line loss directly decreases the signal-to-noise ratio (SNR) [but
not signal-to-interference ratio (SIR)], it is important to reduce its length as much as
practically possible for traditional wireless systems in which tower-mounted antennas are
some distance from the transmitter or receiver equipment. As described in Chapter 6,
recent equipment developed for LMDS and other fixed broadband systems designed for
building rooftop installation have outdoor units (ODUs) in which the transmitter power
amplifier or receiver preamplifier modules are directly connected to the antenna, thus
eliminating the radio frequency (RF) transmission line or waveguide entirely.

The noise power is just one moment (the variance) of the noise amplitude distribu-
tion. As shown in Section 7.4.1, errors in signal detection occur when the noise amplitude
exceeds a relative signal level depending on the modulation type. It is the noise amplitude
distribution, then, not just the variance that determines when errors occur. Thermal noise
amplitude is modeled as a Gaussian distribution; atmospheric and manmade noise have
different, more impulsive, amplitude distributions that result in different error values for
the same average noise power.
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8.2.1.2 Cochannel and adjacent channel interference

The interference term I in (8.1) is a random process that is the sum of the cochannel and
adjacent channel interference

I =
N∑

n=1

Ico,n +
M∑

m=1

Iadj ,m (8.5)

where N is the number of cochannel interferers and M is the number adjacent channel
interferers. The amplitude of the interferers In and Im may be relatively constant most
of the time as with LMDS systems using narrowbeam antennas, or they may be fading
signals that are best described as compound Rician or Rayleigh fading processes with
lognormal-distributed mean values (see Chapter 4). Such descriptions for interference are
applicable to non-line-of-sight (NLOS) fixed broadband systems.

As mentioned in the introduction to this chapter, the interfering signals can occupy the
same bandwidth slot as the desired signal S or a bandwidth slot that overlaps the desired
signal bandwidth slot to some extent. This situation is illustrated in Figure 8.3 in which
the receiver filter shape and interfering PSD are depicted. The amount of interference
intercepted by any arbitrary receiver bandwidth from any arbitrary interfering PSD can
be found by integrating the overlap area. This approach is sufficiently general that it can
be used for either cochannel or adjacent channel interference; indeed these descriptions
of interference become somewhat meaningless when considering the wider variety of
possible desired receiver bandwidths, center frequencies, and interfering PSDs than may
be used within a given network.

The mean power from each interferer is first calculated at the terminal of the victim
receiver taking into account the interferer’s radiated power in the direction of the victim
receiver, the total mean propagation path loss, and the victim receiver antenna gain in the
direction of the interferer. That power is then further reduced by the extent to which the
receiver filter reduces the intercepted power based on the interferer’s PSD. The net mean
interference power Pi resulting from this process, is given by

Pi = PT + GT (ϕT , θT ) + GR(ϕR, θR) − Lp − AF − AS dBW (8.6)

Frequency, w

Received
interference power

Victim receiver filter
response HS (w)

wSwI

Interferer PSD
SI (w)

Figure 8.3 Received interference for arbitrary desired and interfering frequencies and occupied
bandwidths.
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where

PT = transmitter power in decibel-watts.
GT (ϕT , θT ) = the gain in decibels of the transmitting antenna in the direction of

the victim receiver where ϕT is the horizontal plane angle (azimuth)
and θT is the vertical plane angle (elevation).

GR(ϕR, θR) = the gain in decibels of the victim receiving antenna in the direction
of the interferer where ϕR is the horizontal plane angle (azimuth)
and θR is the vertical plane angle (elevation).

Lp = mean path loss in decibels, which includes free space loss, clutter
loss, reflections, diffraction, and multipath.

AF = the attenuation factor in decibels due to the receiver filter rejecting
some or all of the interfering power.

AS = the attenuation in decibels due to other system losses such as
transmission line or waveguide losses, radome losses, and so on

The transmitting power level, antenna gains, and mean path loss will be specific to each
interferer. The system losses AS will be common to all received signals including the
desired signal. From Figure 8.3, the receiver filter attenuation AF is given by

AF = 10 log

[∫ +∞
−∞ HS(ω − ωs)SI (ω − ωI ) dω∫ +∞

−∞ SI (ω) dω

]
(8.7)

where HS(ω) is the desired signal receiver filter response center on frequency ωs and SI (ω)

is the PSD of the interfering signal centered on frequency ωI . As a practical matter, (8.7) is
usually performed as a numerical summation using receiver filter response and transmitter
PSD curves provided by the equipment manufacturer. Examples of some actual transmitter
PSD and receiver filter response curves are shown in Figures 8.4 and 8.5, respectively.
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Figure 8.5 Example of a receive filter response envelope.

These curves are the envelopes of PSD and receive filter responses for LMDS equipment
that are developed from the measured responses of sample equipment taken from the
production process.

Since the receive filters and transmitter power spectra are not ideally band-limited,
FDMA systems require a guard band, which is usually provided for by making the
allocated channel bandwidth wider than that necessary to accommodate the intended
signal spectrum width. Spectrum masks, similar to the PSD curve in Figure 8.4, define
the required transmitter power limits as a function of frequency. If the administrative
or industry standard spectrum masks are defined, they can also be used for interference
calculations instead of measured equipment performance data.

8.2.1.3 Multiple interferers in LOS networks

As discussed in Chapter 7, the amplitude of the interference itself can actually be subject to
fading due to changing propagation path conditions, or other time variations such as power
increases resulting from transmitter power control action when the interfering link itself is
being subjected to some fading event like rain. The statistics for the variations that might
be expected are generally not known. The attempts to model variations in interfering signal
amplitudes as Rayleigh or Rician are approximations based on observations in mobile
radio systems that can be significantly wrong for line-of-sight (LOS) fixed broadband
systems. Moreover, as indicated in (8.5), the total interference can actually be the sum
of several interferers, each with different mean values from (8.6) and different statistics
describing the amplitude variations.

Owing to the lack of specific information about the fading properties of the interferers,
the standard approach is to simply consider the interferers as additional system noise and
by doing so, approximate their envelopes as Rayleigh-distributed like Gaussian noise. For
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M interferers of arbitrary center frequency and PSD, the denominator in (8.1) is then
given by

I + N =
M∑

m=1

Pm + PN (8.8)

where Pm is given by (8.6) for each interferer. For power changes that may be predicted,
such as power increases due to interferer transmitter automatic power control (APC)
action, the mean interference power is increased accordingly and the SINR calculation
in (8.1) is performed under these conditions. Of course, the desired system transmitter
APC may also be capable of responding to the increased interference. Link coupling
interactions of this type will be considered in Chapter 11.

The quality of the approximation in (8.8) where interferers are considered as additional
noise will be increasingly poor as the interfering power is less and less ‘noiselike’. For
multiple fading interferers of comparable amplitude, modeling the combined interference
as additional noise power is a reasonable approach. The worst case for this approximation
occurs when the total interference consists of a single nonfading interferer. Even if the
multiple interferers are present, if a single interferer dominates the others by several
decibels, the envelope amplitude of the combination will be more Rician than Rayleigh.

The worst-case quality of the approximation in (8.8) can be examined using the analysis
presented in Chapter 7 for the error rate performance of quadrature phase shift keying
(QPSK) and 16QAM signals being detected in the presence of a single sine wave interferer
plus Gaussian noise. Consider two cases for QPSK: one has noise and interference powers
of equal amplitude and is 10 dB weaker than the desired signal and the second has the
interfering signal removed and the noise power increased to 7 dB weaker than the desired
signal. The second case is equivalent to considering the single interferer as additional
noise as given in (8.8). The error probability Pe in the first case from Figure 7.13 is
about 2.5 × 10−3 while in the second case the error probability from Figure 7.7 is about
1.6 × 10−3. The results from a similar comparison for 16QAM at SNR = 15 dB and
SIR = 15 dB level using Figures 7.10 and 7.8 are included in Table 8.1.

From this comparison, using the noise approximation for interference provides Pe

values that are close to or higher than the correct Pe values for the single sine wave + noise
case. Similar comparisons done numerically using the equations in Chapter 7 show that the
‘all noise’ approximation provides a worst-case estimate of Pe for SNR and SIR values
of practical interest, that is, values that would be applied to realistic system designs.
Therefore, using the noise approximation in (8.8) for combined interference constitutes a
conservative approach to system design.

Table 8.1 Pe for the noise approximation of interference for C-QPSK and 16QAM

Modulation SNR,SIR level Single sine wave + noise All noise approximation

C-QPSK 10 dB 2.5 × 10−3 1.6 × 10−3

16QAM 15 dB 1.0 × 10−4 7.0 × 10−4
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8.2.2 Spectrum utilization

Pure FDMA systems have reserved channels for the various communication links in the
network. This is efficient spectrum utilization only if the service on the link requires
full-time access, as may be the case with ‘real-time’ services such as video or audio
transmissions or building-to-building business data links. However, even these signals
can be stored and delayed so that time-sharing the channel with another service is still
possible. From the perspective of the end user, the service still appears to be uninterrupted.
The memory capabilities of the transmitting and the receiving equipment accessing the
channel therefore become an important factor in determining the flexibility in choosing
a multiple-access scheme. The delay that can be tolerated, and the somewhat nebulous
definition of ‘real time’, also play a role. Clearly, an entire sporting event could be stored
and transmitted incrementally on a shared channel so that it appears as a continuous real-
time transmission, but the event, or critical parts of the event, may have finished long
ago, thus destroying the immediacy of what the end user experiences.

The issues associated with service type and when immediate transmission versus
deferred transmission is acceptable are discussed in more detail in Chapter 9. For the
present purpose, it is sufficient to say that with current technology, it is a very rare service
that truly requires full-time continuous access to a communications channel. In recogni-
tion of this fact, alternative schemes such as TDMA and CDMA have been developed,
which can achieve greater spectrum utilization for most services through shared multiple
access to the frequency band without deteriorating the apparent real-time immediacy of
the end user experience.

8.3 TIME DIVISION MULTIPLE ACCESS (TDMA)

Within a specific radio channel, multiple users can be provided with service if the times
during which transmissions are sent and received by each user are controlled and coor-
dinated by the system so that interference conflicts do not occur. With TDMA systems,
access to the radio channel is typically divided into TS that are then assigned to individual
users, much as full-time radio channels would be assigned to users in a purely FDMA
system. The TDMA approach is illustrated in Figure 8.6. Each radio channel is divided
into TS that are synchronized within a radio channel on a given base station or hub,
but are not necessarily synchronized from channel to channel or from hub to hub on a
given channel.

As a second-level multiple-access scheme, TDMA provides another degree of freedom
that allow greater flexibility for accommodating service types. For example, a user that
requests a service that has high data rate demands could be assigned multiple TS on a given
channel, or across multiple channels, to increase the total data throughput for information
transmitted to that user, up to full usage of all available TS with the concomitant denial
of service to other users. Flexing the number of TS assigned to a user on the basis of
requested service is the approach employed in General Packet Radio System (GPRS) and
Enhanced Data rates for GSM Evolution (EDGE) cellular radio systems. It is another
form of link adaptation mentioned in Chapter 7.
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Figure 8.6 Time division multiple access (TDMA) with schematic of time slots (TS).
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Figure 8.7 Generic TDMA frame and time slot structure.

The TS shown schematically in Figure 8.6 are actually grouped together in frames to
ensure that they are coordinated with one another. Figure 8.7 shows a generic TDMA
frame with preamble and trailing bits. The information frame is divided into TS that are
self-contained bursts of data including training and synchronization bits. The training
bit sequence is known to the terminal and used to train the equalizer as discussed in
Section 7.4.4. Depending on the modulation type, these bits may also be used to establish
a synchronous reference to facilitate data symbol detection.
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Essentially any modulation type may be used with TDMA to provide the required data
rate within the constraints of the link budget and design SINR. The GSM cellular system
is a TDMA system that uses Gaussian minimum shift keying (GMSK) modulation, while
EDGE, the higher data rate 2.5G version of GSM, uses 8PSK for a higher bits/symbol
ratio. 16QAM or 64QAM are used in some forms of TDMA for fixed broadband systems.

The generic TDMA frame structure shown in Figure 8.7 may vary from system to
system depending on what is to be accomplished, but all TDMA systems must dedicate a
certain portion of the transmitted symbol stream to synchronization and timing and guard
bits or symbols to prevent overlap of consecutive frames or consecutive TS. The overhead
associated with these functions is in addition to the overhead for coding described in
Section 7.5. The TDMA overhead bits will be system-specific, but can range from 10 to
30% of the total data throughput capacity. Therefore, overhead in TDMA systems is an
important consideration in assessing the information payload that can be delivered.

The term ‘channel’ is most commonly applied to a radio channel with a particular center
frequency and occupied bandwidth as with an FDMA system. However, a sequence of
TS utilized by a terminal is also referred to as a channel in the rudimentary sense of
the physical mechanism that conveys the communicated information. In system protocol
nomenclature, the frequency and time physical channels are referred to as the physical
channel layer or PHY layer.

Frequency and time physical channels are also filled with information that make up
different ‘logical’ channels. Logical channels make up part of what is called the medium-
access control or MAC layer. The MAC layer logical channels and protocols are properties
of the system standard. While the MAC layer is important for messaging and services
support, fixed broadband wireless system design and planning primarily involves the
successful operation of the radio or PHY layer. For this reason, except in a few specific
areas, most aspects of the MAC layer design will not be dealt with in this book.

8.3.1 TDMA intercell interference

From Figure 8.6 it is clear that within each radio channel the assignment and use of the
TS by each terminal is coordinated so that the signals arriving from each terminal fall
in the correct TS. This requires the hub to send a signal to each terminal on a given
channel that assigns a timing delay or advance to that terminal, so the burst transmission
from each arrives at the correct time. The required delay will be largely a function of
the distance from the hub to the terminal, which can be deduced from the round-trip
transmission delay. Multipath signals may introduce some uncertainty in this process. So
that the signal from each terminal occupies its assigned time slot, the timing adjustments
τk are used as shown in Figure 8.8 for a multicell system.

The time delay adjustments are made at each hub to prevent overlap of TS used by
the terminals with which it is communicating; however, this synchronization does not
extend to the timing of TS used on the same radio channel at nearby cells. The downlink
interference from neighboring hubs at a remote terminal can be readily calculated since
the hub position and path loss to a terminal location are known, and it is reasonable to
assume that all TS on a radio channel are going to be occupied. For the uplink interference,
however, the interfering signals on a radio channel are originating from remote terminals
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Figure 8.8 Remote terminals in a TDMA system with time delays τk adjusted so that signal
arrives in assigned time slot at hub sector. Intercell uplink cochannel interference is
approximated by full-time transmission from worst-case terminal interference from
neighboring cell.

at different locations using assigned TS that are usually not fixed assignments but made
as the traffic dictates. It is therefore not feasible to design the network, assuming the
interference on a given uplink time slot will be originating from a particular terminal.

If the uplink radio channel assignment, but not time slot assignment, is known for
terminals in a neighboring cell, the uplink interference on that channel could be calculated
by averaging the interference from each terminal on that channel in each neighboring cell.
This requires that the path loss from each terminal in each neighboring cell to the victim
hub receiver be calculated as

I = 1

N1

N1∑
i=1

Pi + 1

N2

N2∑
i=1

Pi + · · · + 1

Nm

Nm∑
i=1

Pi (8.9)

where N1···m are the number of TDMA terminals in each of the neighboring hubs 1 through
m using the uplink radio channel under study. The power of each of the interference terms
Pi are calculated using (8.6).

The weakness of this approach is that the terminal with the highest interfering power
Pi conceivably could be actively transmitting for many or all of the channel TS, so worst-
case interference essentially exists all the time. The resulting net interference is larger
than the average. The conservative approach, therefore, is to use the interference from
the worst-case terminal in each neighboring cell and assume that this terminal is actively
transmitting during all TS.

I = P1,max + P2,max + · · · + Pm,max (8.10)

where P1,max is the uplink interfering power from the worst-case terminal operating in
neighboring cell 1.

Interference in TDMA systems can be further mitigated by applying a technique known
as frequency hopping (FH). FH is one method for creating a spread spectrum communi-
cations system that will be discussed in a later section. Its improvement value for TDMA
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systems can be appreciated from the foregoing discussion of interference levels on the
uplink, and by extension, on the downlink. If the TDMA system uses a set of TS taken
from different radio channels, the average interfering power on any given radio channel
is reduced. FH with TDMA is an option that is available with GSM cellular systems that
can potentially reduce the average interference levels by 2 to 3 dB.

8.4 CODE DIVISION MULTIPLE ACCESS (CDMA)
CDMA uses spread spectrum techniques and their inherent interference immunity to
achieve access to the spectrum by multiple users. Spread spectrum systems take an infor-
mation data stream, including coding and interleaving, and multiply it by a pseudorandom
noise (PN) code sequence at a data rate that is much higher than the rate of the informa-
tion data stream. This process, in effect, spreads the signal over a bandwidth that is much
greater than the bandwidth of the information signal.

By coding the signal with a PN sequence and spreading the signal energy over a broad
bandwidth, upon despreading and demodulation, both single carrier (SC) interference
from outside the system and other spread spectrum signals from within the system can be
effectively rejected. The result is a postdetection SINR that is adequate to achieve a low
bit error rate (BER) even though the radio carrier SINR at the receiver antenna terminals is
usually less than 0 dB. The bandwidth spreading can be achieved in two ways – frequency
hopping FH and direct sequence (DS). Both approaches are discussed below.

Spread spectrum systems have recently seen more widespread interest and use for fixed
broadband communications, especially for NLOS systems intended to serve residences
and for license-exempt bands such as the IEEE 802.11b band at 2.4 GHz where spread
spectrum techniques must be used according to FCC Rules. Note that 802.11b specifies
direct sequence spread spectrum (DSSS) but this is not a CDMA system since there is
no coordination among the codes used by the various network users. The same codes are
used by all users and the channels are shared on a time domain basis [see Carrier Sense
Multiple Access (CSMA) in Section 8.6].

CDMA is used for simple point-to-point links in both licensed and license-exempt
bands. CDMA technology is also potentially well suited for point-to-multipoint NLOS
systems that have system design issues that are quite similar to mobile cellular CDMA
systems. With a variety of possible applications for CDMA, and with the differences
in the CDMA systems that are now being deployed for fixed broadband wireless, the
following discussion of CDMA systems is intended to be a generic treatment of the
principles involved. However, certain CDMA system types have emerged at this time as
leading contenders for use in NLOS networks such as the 3G UMTS W-CDMA standard,
which includes both FDD and TDD implementations. The capabilities of W-CDMA as
applied to the particular task of fixed broadband system construction will be covered in
a following section.

8.4.1 Frequency-hopping spread spectrum (FHSS)

With frequency-hopping spread spectrum (FHSS), a pseudorandom sequence is used to
select one of perhaps thousands of frequencies within the available spread spectrum band-
width. At any given time only a few of the available frequencies are being modulated by
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the signal data. Since the spreading bandwidth is much greater than the signal bandwidth,
the instantaneous occupied bandwidth of the hopped-to frequency is much less than the
total spreading bandwidth. Simple frequency shift keying (FSK) modulation can be used to
modulate the carrier. Like Orthogonal Frequency Division Multiplexing (OFDM), because
the modulated rate of this carrier is low, it generally is within the coherence bandwidth of
the channel and subject to narrowband rather than wideband fading. As such, it provides
some immunity to multipath as well as providing frequency diversity. Also like OFDM,
it is possible that a given hopped-to frequency will be in a narrowband fade so that the
resulting detection of that transmitted symbol (or symbols) results in an error. Therefore,
for similar reasons, it is essential to use interleaving and coding to achieve an adequately
low error floor.

When the rate of hopping between frequencies occurs at a rate greater than the symbol
transmission rate (multiple hops per symbol), the system is referred to as fast frequency
hopping. If the system hops at a rate that dwells on a frequency for one or more symbol
times, the system is referred to as slow frequency hopping.

For successful detection, of course, the receiver must have the same random code that
determines the hopping sequence so that it can track the hops and correctly detect the
signal. Other signals that do not follow this particular pattern are reduced to noise in the
detection process. By using multiple random codes, multiple users can share the same
spread spectrum channel with each being separately detected among the others by the
particular code sequence it uses. In this way, FH-CDMA multiple access to spectrum is
accomplished.

Compared to DS systems, FHSSs have not been as widely deployed, although their
operation and potential advantage are essentially duals of the advantage available in DS
CDMA (DS-CDMA). DS is the approach used in second-generation cellular CDMA sys-
tems (IS-95), and in third-generation cellular systems (cdma2000 and UMTS W-CDMA).
The wealth of real operational experience and associated large production quantities of
the necessary chip sets has made DS-CDMA much more popular than FH-CDMA.

8.4.2 Direct sequence (DS) spread spectrum

In DS-CDMA, the information signal is multiplied by a higher data rate (broader band-
width) spreading signal so that there are multiple spreading symbols per data symbol. A
block diagram of a DS spread spectrum transmitter and receiver is shown in Figure 8.10.
The spreading signal is a PN code sequence that is unique to a particular user on a partic-
ular hub, thus allowing a separation of the signal at the receiver from other signals in the
code domain by once again multiplying by the same unique PN code assigned to that user.
The codes can be thought of as a dimension of the spectrum along with frequency and time
as shown in Figures 8.1, 8.6, and 8.9. As shown in Figure 8.9, one or more frequency
channels may be used for a DS-CDMA system, depending on the data requirements and
the available channels. Dividing the data to be transmitted among several CDMA carriers
with smaller bandwidth rather than using one CDMA carrier with a wider bandwidth may
fit better when a large contiguous block of spectrum is not available.

The transmitted signal is usually binary phase shift keying (BPSK) or QPSK with a
symbol rate of R. This signal is multiplied by the binary spreading code with symbol rate
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Figure 8.9 Code division multiple access (CDMA) on multiple radio channels.

W , resulting in a transmitted signal symbol rate at the spreading code rate and an occupied
bandwidth essentially the same as the spreading code bandwidth (provided W � R). The
transmitted symbols are known as chips with the rate of the spreading code called the
chipping rate. The ratio of the chipping rate to the data rate, W/R, is called the spreading
factor (also called processing gain). The spreading factor is one fundamental indication of
the degree of processing gain in the system, and consequently, the degree of interference
rejection (multiuser access) that can be achieved.

As stated in the introduction to this chapter, the core issue with all multiple-access
schemes is their ability to operate in the presence of interference. The following sections
will present standard interference calculations for CDMA systems. As will be shown,
CDMA systems generally rely on careful control of the interference levels from all termi-
nals communicating within a given hub on a radio channel; specifically, best (unbiased)
detection of the uplink signals from all terminals connected to a hub is realized when all
are received with equal power. This means that CDMA systems must have the ability to
control the transmitting power of the remote terminals so that the signals received from
terminals close to the hub do not dominate the signals received from more distant ter-
minals. This is the so-called near–far problem in CDMA systems. It is dealt with using
effective APC that may need a dynamic range of 80 dB or more to equalize the effects
of wide path loss differences that can occur with near and far terminals connected to the
same hub. The use of advanced techniques such as joint detection (JD) (see Section 8.4.5)
can relax the demands on the uplink APC adjustments.
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8.4.3 Downlink interference calculations

As with the other multiple-access techniques, the ability of CDMA to support multiple
simultaneously communicating terminals depends on the impact of interference from other
cells and from the home cell of a given terminal. The composite incoming signal consisting
of the desired signal, the interfering signals, and the receiver noise is multiplied by the
known spreading signal for the desired signal as shown in Figure 8.10. The signal that
was spread by the desired code is recovered and the interfering signals remain as noiselike
power across the spreading bandwidth. The SINR can then be calculating by assuming
that the interfering signals are additional noise and the desired signal power has been
increased by the processing gain or spreading factor Wd/Rd .

The codes used for the downlink and the uplink can be different, so the approach to
finding the postdetection SINR is calculated somewhat differently. For the downlink or
the forward channel, as it is often referred to in CDMA, the transmissions to all remote
units can be synchronized since they are originating at one location and pass over the same
channel to each remote unit. Consequently, the spreading codes used are orthogonal codes,
sequences of binary pulses that are orthogonal (their inner product is zero). Two types
of orthogonal codes are Walsh functions used in IS-95 CDMA and orthogonal variable
spreading factor (OVSF) codes used in 3G W-CDMA. When the incoming composite
signal plus interference is multiplied by the desired signal spreading code, the desired
signal is recovered, and ideally, the product of the desired Walsh code with each of the
interfering signals is zero. In practice, multipath distortion on the interfering signals to
some extent destroys the orthogonality property of the interference, so the interference
contribution to the final SINR is not zero.

To establish terminal connections to the network, the hubs typically transmit four
kinds of signals – pilot, traffic, paging, and sync. These are referred to as channels in
the sense of logical rather than physical channels. The pilot signal is detected by the
remote terminal to establish a connection to the network, while the traffic channel actually
carries the information to be communicated. The ability of the terminal to connect to the
network depends on the SINR, or Ec/I0, of the pilot channel. The quality of the received

PA

Transmitter Intercell
interference It

Intracell
interference Im

Noise N

Spreading code
c(k )

Spreading code
c(k )

Channel response
h(k )

Data signal
d(k )

Despread
data signal

Receiver

d̂(k)

Figure 8.10 Discrete time diagram of a CDMA transmitter and receiver with transmission of
block data vector d(k) for user k.
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data depends on the SINR, or more specifically, the Eb/N0, of the recovered traffic
channel data.

8.4.3.1 Downlink pilot channel Ec/I0

The pilot channel Ec/I0 as received at a terminal is given by [5]

Ec

I0
= SR

Ih + Io + Im + It + In + Nt

(8.11)

where

Ih = downlink overhead (sync and paging) power from home hub
Io = downlink total overhead power (sync and paging) from other hubs
Im = downlink total traffic channel power from the home hub
It = downlink total traffic channel power received from other hubs
In = external interference for all other sources such as adjacent channel

interference or spurious interference from other transmitters
Nt = receiver thermal noise power
SR = desired signal pilot channel power received at the remote terminal. This will

be some (adjustable) percentage of the total power transmitted by the hub.

The ‘home hub’ refers to the hub with which the remote terminal is communicating.
Since fixed broadband systems do not need to provide for handoff capabilities during
transmission, the home hub will normally remain the same hub. The interference quantities
listed above are calculated as the sum of the interfering powers as given by (8.6), taking
into account the antenna gains and radiated powers in the directions from the hub to
the terminal and vice versa. In CDMA systems, the pilot signal is not despread, so
Ec/I0 is usually less than 0 dB (by design, typically −12 to −16 dB for IS-95 CDMA
cellular systems).

Like the desired signal SR, the interference terms in (8.11) are subject to fading due to
changing propagation conditions so that Ec/I0 is also a fading quantity that is properly
described in statistical terms. As discussed in preceding chapters, the extent of fading
will depend on the propagation environment and the directivity of the antenna used at the
remote terminal.

8.4.3.2 Downlink traffic channel Eb/N0

The downlink traffic channel SINR per information bit, Eb/N0, can be calculated in a
similar fashion to the pilot channel Ec/I0:

Eb

N0
= St

(1 − α)Ih + Io + (1 − α)Im + It + In + Nt

(
Wd

Rd

)
(8.12)

where

α = the orthogonality factor (ranging between 0 and 1), which is designed to take
into account the lack of perfect orthogonality due to multipath between down-
link signals. If perfect orthogonality is preserved, α = 1.
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Wd = the downlink CDMA chipping rate
Rd = the downlink symbol transmission rate
St = desired signal traffic channel power received at the remote terminal for that

terminal. The total percentage of hub power dedicated to traffic to all remote
terminals is some (adjustable) percentage of the total power transmitted by the
hub. The traffic power for a single terminal will normally be the total traffic
power divided by the number of terminals being served by the home hub.
For CDMA systems with downlink power control, the power allocated to each
remote terminal traffic channel will also depend on distance and path loss to
that remote terminal.

The definitions of the other interference terms I are the same as given above. The resulting
traffic channel Eb/N0 can be used with the BER equations in Chapter 7 for the data
modulation method used to determine the raw error probability. When coding is used,
error corrections at the terminal are made to further reduce the net error rate.

8.4.4 Uplink interference calculations

The uplink from the terminal to the hub does not require a pilot channel, although a
sync channel may be used if the CDMA system also uses synchronous uplink transmis-
sion. For cellular systems, synchronous uplink transmission is problematic owing to the
changing mobile locations and the resulting changes in time delays needed to maintain
synchronization. The uplink SNR Eb/N0 is given by

Eb

N0
= Sh

(1 − β)(1 − κ)I ′
m + I ′

t + I ′
n + Nb

(
Wu

Ru

)
ν (8.13)

where

I ′
m = uplink total traffic channel power from the home hub. This is the sum of the

power from the other remote terminals connected to this hub and will therefore
vary according to the number of these terminals. In general, the APC will adjust
the transmitter power for each of these remote terminals so that the received
power from each is the same, and is the same as the received power from the
subject terminal. This term is also called multiple-access interference (MAI).

I ′
t = uplink total traffic channel power received from remote terminals served by

other hubs. Again, this will vary depending on the number of terminals being
served by these other hubs, their locations (path loss to the home hub), and the
APC-adjusted transmitter power levels of each of these remote terminals.

I ′
n = external interference for all other sources such as adjacent channel interference

or spurious interference from other transmitters.
β = the uplink improvement factor (ranging between 0 and 1), which is intended

to take into account the reduction in intracell interference (MAI) from the
relative degree of preserved orthogonality due to the use of synchronous uplink
spreading codes. If perfect orthogonality is preserved, β = 1. Note that this
factor only applies if the CDMA system uses synchronous uplink transmission
and orthogonal spreading codes. The IS-95 CDMA system for cellular systems
does not provide synchronous uplink transmission, so β is always 0.
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κ = the uplink improvement factor (ranging between 0 and 1), which is intended
to take into account the reduction in MAI due to the use of JD (see Section
8.4.5). If JD perfectly suppresses MAI, then κ = 1.

Wu = the uplink CDMA chipping rate
Ru = the uplink symbol transmission rate
Sh = desired signal traffic channel power received at the hub from the remote termi-

nal. This power will vary according to the APC setting for the remote terminal.
ν = a general factor ranging from 0 to 1 that accounts for imperfect power control

on the various terminals involved in the Eb/N0 calculations. For perfect APC
action, ν = 1. For imperfect APC, ν < 1 and the resulting Eb/N0 is degraded.

The value of uplink Eb/N0 can be used to find the uplink BER using the equations in
Chapter 7.

It should be clear from (8.13) that the Eb/N0 is primarily a function of how many
remote terminals are being served by the hub on this frequency (as represented by I ′

m)
and secondarily by the number of remote terminals connected to neighboring hubs (as
represented by I ′

t ). As the load on the system increases, the power the remote termi-
nal has to transmit to achieve adequate Eb/N0 increases until the point is reached when
the transmit power cannot be increased further. Service to this remote terminal may
then be interrupted. This will occur first in the most distant terminals (or those with
the highest path loss to the hub), in effect, shrinking the service range of the hub.
The dynamically changing coverage area that results from varying cell load is called
cell breathing.

The increase in interference at the hub is commonly described by the noise rise that
is essentially the increase in the interference + noise term in the (8.13) from the no-
interference case. The noise rise is given by

RN = (1 − β)(1 − κ)I ′
m + I ′

t + I ′
n + Nb

Nb

(8.14)

The hub or cell load factor η is a measure of the extent to which the capacity of the
cell and hence network is being utilized. The load factor ranging from 0 to 1 is given by

η = 1 −
[

Nb

(1 − β)(1 − κ)I ′
m + I ′

t + I ′
n

]
(8.15)

The load factor is normally given as a percentage. For example, given a particular traffic
distribution, the system design (hub layout, channel assignments, antenna types, power,
etc.) can be configured so that the load factor is 50 to 75%.

The uplink interference level is also a function of the power transmitted by remote
terminals in neighboring cells or intercell interference. If the locations of these remote
terminals are not known because they are mobile or at fixed but unknown locations, the
path loss values cannot be calculated. The interference levels that are needed for summa-
tion of I ′

t are not explicitly known. In this case the intercell interference is represented by



CODE DIVISION MULTIPLE ACCESS (CDMA) 297

a frequency reuse factor that is usually taken as a fraction of the home cell interference
(55%, for example). The frequency reuse factor ξ is defined as

ξ = I ′
t

I ′
m

(8.16)

Calculating intercell interference using the home cell interference and the reuse factor is a
highly approximate approach to finding total interference. However, there are alternatives.
For mobile cellular systems in which mobile locations are not known, their location
and communication traffic patterns can be simulated through the use of Monte Carlo
simulation. A Monte Carlo simulation statistically represents the mobiles by guessing at
their locations and analyzing the system based on these guesses. The hypothetical locations
can be weighted to represent nonuniform traffic distributions throughout the system. This
approach will be discussed further in Chapter 11. By using a Monte Carlo simulation for
several different random mobile distributions, an overall view of how the system will
perform when loaded can be developed.

For fixed broadband systems, the situation is somewhat different in that the location of
the remote terminals in the system can be known, at least to the resolution of the address
where the system end user has subscribed to the network. Therefore, the opportunity
exists to directly calculate the sum of the intercell interference I ′

t and therefore achieve
a system analysis that is more accurate and that can be dynamically revised as new end
users are added.

8.4.4.1 Rake receiver

CDMA terminals use a matched receiver architecture called a Rake receiver as illustrated
in Figure 8.11. A Rake receiver is essentially a tapped delay line in which the tap delays
are equal to one chip symbol time Ts = 1/W . As illustrated in Figure 3.6, the received
signal includes multipath components to a greater or lesser extent. The objective of a Rake
receiver is to isolate multipath energy into resolvable signals spaced at Ts and use those
resolved signals as branches in a diversity-combining scheme. The received signal r(t) is
sent through a delay line with L − 1 delays with delays of Ts . After each delay, the signal
at the tap or branch is multiplied by the reference signal u∗(t) (a portion of the desired
signal spreading code). This correlation process produces a result that is proportional to
the amplitude of the desired signal multipath component. The interfering signals come
out of this correlation process as noise. The signal at each Rake tap is then multiplied
by a coefficient Cl(t) that depends on the amplitude of the channel energy or SNR in
that tap or branch, usually adjusted as a maximal ratio or equal gain combiner. The L

branch signals are summed and integrated over the symbol spacing T to yield a decision
variable. In this way the Rake receiver collects the multipath energy resulting from the
propagation environment and uses it constructively.

Although a Rake receiver is not essential to the operation of CDMA, it does provide
useful diversity gain. The amount of diversity gain depends on how multipath-rich the
propagation environment is and the chip symbol duration time versus the multipath delay
spread. For open environments with no multipath, a Rake receiver provides little diversity
improvement. For heavily urban areas, a Rake receiver can provide useful diversity gain.
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1/W 1/W 1/W

∫0
T( )dt

CL−1(t ) CL−2(t ) C1(t )

u*(t )u*(t )u*(t )

CL(t )

u*(t )

r (t )

Figure 8.11 Basic rake receiver architecture.

8.4.5 Joint (multiuser) detection

The analysis of the CDMA uplink and downlink Eb/N0 performance approximated the
intracell interference Im (MAI) and the intercell interference It as additional noise in (8.12
and 8.13). For MAI, however, the interference is not random noise but actually consists of
signals from other remote terminals served by the home hub. The hub necessarily knows
the spreading codes and estimated channel characteristics associated with each of these
interfering remote terminals. This information can be exploited to reduce the magnitude
of Im and its impact on Eb/N0 for the subject user signal. The process of taking advantage
of all the uplink signals information arriving at the home hub is called joint detection (JD)
or multiuserdetection (MUD).

The concept of JD as an optimum nonlinear detector for asynchronous CDMA systems
was examined in [6] and for synchronous CDMA systems in [7]. These detectors are
designed to eliminate MAI but not intersymbol interference (ISI) due to multipath. Since
this early work, detectors that suppress both as MAI and ISI have been devised, with the
main problem being computational complexity, especially as the number of simultaneous
users K increases.

Joint detectors basically function by solving a set of simultaneous linear equations that
increase in number as K increases. Joint detectors are therefore most effective (compu-
tationally reasonable) when the number of concurrent users is relatively small. It was
therefore targeted at TD-CDMA systems such as UMTS terrestrial radio access (UTRA)
TDD that are a combination of TDMA and CDMA in which the transmitted data is bro-
ken up into time domain frames that are then transmitted on the CDMA spread spectrum
channel [8].

Ideally, JD can potentially reduce the term Im in (8.12 and 8.13) to zero. The capacity
improvement (improvement in Eb/N0) is then given by the reduction in the denominator
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of (8.12 or 8.13). If the system is loaded to a reasonable level such that the noise and
spurious interference terms, and In, are small compared to the system interference, then
the upper bound on the capacity improvement �C, assuming that JD perfectly suppressed
MAI, is given by

�C = Im + It

It

(8.17)

As mentioned, for rudimentary CDMA network planning it is often assumed that the inter-
cell interference is some fraction of the intracell interference, for example, It = 0.55Im.
The resulting potential improvement factor �C from (8.17) is thus 2.8. Unfortunately,
the 0.55 factor is just a guess based on simple uniform cell service radii and hexagon cell
layout patterns. This value is not supported by detailed simulation of realistic CDMA sys-
tems, especially those in highly nonhomogenous propagation environments such as urban
areas and microcells where the cell service areas are not contiguous. Consequently, the
resulting geographical distributions of interfering remote terminals in neighboring cells
are not neatly constrained. The 0.55 factor in reality must be replaced with other values
derived from simulations of the actual system. These values could range widely with
the resulting improvement factor from (8.17) being equally variable. Whatever capacity
improvement does result from JD, this greater capacity can be exploited as support for
more users at a given data rate or the same number of uses at higher data rates.

In addition, JD can alleviate the tight accuracy requirements on automatic power control
due to the fact that the BER is less dependent on the power settings of the individual
remote terminals. The term ν in (8.13) can then be set close to one, also improving the
net Eb/N0.

Although JD is a relatively new technique, it is now seeing use in some commercial
deployments. One of the first such deployments using TD-CDMA in the UTRA TDD
specification has shown that JD can reduce the intracell interference term Im to negligible
levels [9].

8.4.6 CDMA broadband standards

The modulation and multiple-access schemes for fixed broadband wireless systems dis-
cussed here are generally not mandated by regulatory standards bodies leaving the industry
free to develop technologies that best meet the perceived needs of the marketplace. One
exception to this is third generation (3G) CDMA systems that offer data rates of 2 Mbps
(higher in some cases) within the framework of worldwide standards. In particular, the
3G UMTS terrestrial radio access (UTRA) standard provides for FDD and TDD systems
with chipping rates of 3.84 Mchips in a 5-MHz bandwidth and data rates up to ∼2 Mbps
(∼4 Mbps for TDD). Basic parameters for these systems are shown in Table 8.2. Both
FDD and TDD use a common fixed 15 time slot frame structure with each time slot being
2560 chips long.

For UTRA FDD, clearly a data rate of 2 Mbps cannot be achieved with a 3.84-Mcps
chip rate, QPSK, coding overhead, and the lowest spreading factor of 4. A technique
known as multicode transmission is employed in such cases. With multicode, two or
more of the codes available on the hub sector are used to send data to a single remote,
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thus multiplying the maximum throughput to a remote terminal by the number of codes
used. Of course, if multiple codes are used to communicate with one terminal, fewer
codes are available to communicate with other remote terminals at various data rates.
Multicodes are also used in UTRA TDD.

For UTRA TDD, the TS are assigned as uplink or downlink slots. The number assigned
to a particular direction can be varied in response to the traffic load. One of the 15 TS is
used as a beacon channel, a second is used for downlink signaling/control information,
and a third is used for uplink signaling/control information. The remaining 12 TS are
used for data. At least one slot in each frame must be a downlink or an uplink slot. In
order to make the JD interference suppression computationally feasible in UTRA TDD,
the maximum number of simultaneous codes that can be transmitted in any time slot is
16. If all codes are devoted to one remote terminal using the multicode technique, the
total maximum data rate is (3.84 Mchips/16) × 16(12/15) = 3.07 Msymbols/s. Since the
data modulation is QPSK (2 bits/symbol), the raw maximum bit rate is 6.11 Mbps. The
overhead due to coding, midambles data, and so on is about 35%, so the net throughput
is about 4 Mbps. The FDD mode allows more simultaneous codes but does not allow for
JD for intracell interference suppression. The increase in intracell interference will limit
the overall throughput in the hub sector.

The UTRA FDD and TDD standards also anticipate higher chip rates that are multiples
of 3.84 Mchips, that is, 7.68 Mchips in 10-MHz bandwidth, 11.52 Mchips in 15-MHz
bandwidth, and 15.36 Mchips in 20-MHz bandwidth. Depending on the frequency band
and channel allocation constraints where the system is to be deployed, these bandwidths
and associated chip and data rates may be viable. The equations in (8.11, 8.12, and
8.13) are generally applicable for system design purposes with arbitrary chip rates, data
rates, and spreading factors. Further detailed information on the FDD and TDD modes
of W-CDMA systems can be found in published papers [8] and in the voluminous 3GPP
specification documents [10].

Table 8.2 also shows the basic parameters for the cdma2000 standards. There are
many similarities with W-CDMA but also some distinct differences that make W-CDMA
and cdma2000 incompatible. The cdma2000 is more closely related to the 2G- CDMA
standard IS-95, which was designed to work in the 1.25-MHz channel bandwidth (one-
tenth of the uplink/downlink spectrum width allocated for 870-MHz cellular systems in
the United States). The cdma2000 standard has chipping rates and channel bandwidths
that continue to fit this channelization scheme. Further details on cdma2000 PHY and
MAC layer specifications can be found in the documents of 3GPP2 [11].

All of these CDMA multiple-access technologies have been created to operate in an
interference-rich environment. This means that the same frequency channel can be used
on adjacent cells and adjacent sectors (a frequency reuse of 1). In comparing the total
capacity of various multiple-access technologies and their ability to meet the traffic loads
expected in a system service area, the interference immunity properties of a multiple-
access technique under loaded system conditions must be considered to determine its
true usable capacity. This issue is taken up again in Chapters 11 and 12 where specific
multipoint systems design and channel assignment methods are discussed.
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8.5 SPACE DIVISION MULTIPLE ACCESS (SDMA)

Through the use of high gain fixed directional antennas pointed at the intended service
destination, SDMA has been the approach used for many years to share microwave radio
channels in the same geographic area. The term SDMA has only recently been applied to
make more apparent the parallel purpose of SDMA with TDMA and CDMA in achieving
enhanced multiple-access capacity by exploiting all the available dimensions of the radio
spectrum resource.

Figure 8.12 shows a sketch of a hub with multiple narrowbeam antennas, each serving
a small fraction of the total remote terminals communicating with the hub. Since each
antenna is providing separate signals for a set of remotes, it can be regarded as a hub
sector. With sufficient directionality in the hub sector antennas (see Chapter 6) and in
the remote terminal antennas, each hub sector can reuse the same frequencies for most
terminals without the need for TDMA or CDMA schemes. The processing gain (rela-
tive interference rejection) realized is simply the antenna beamwidth at which sufficient
suppression is achieved to prevent interference to a remote terminal on an adjacent hub
sector so that its SIR is adequate to provide the service-required BER. For example, if
the required SIR is 10 dB and the antenna has a 10 dB beamwidth of �, then the number
of sectors M that can be situated at the hub is

M = 360

�
(8.18)

If the 10-dB beamwidth is 10◦, M is 36 or a processing gain of about 15 dB with-
out utilizing additional bandwidth as with CDMA or time-sharing the channel as with
TDMA.

As the beamwidth of each sector radiator decreases so that it is only serving a single
remote terminal, the processing gain increases still further. The simple LMDS antenna

Remote
terminals with

directional
antennas

Hubs with multiple
directional

antennas (sectors)

Figure 8.12 Space division multiple access (SDMA) using directional antennas in a point-to-
multipoint system to achieve separation of transmissions to/from remote terminals
using directional antennas.
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whose radiation pattern is shown in Figure 6.12 has a 10-dB beamwidth of about 5◦,
increasing the processing gain to over 18 dB. The limit of this approach is perhaps rep-
resented by free space optics (FSO) in which the laser has a typical beamwidth of about
0.34◦, resulting in a processing gain of 30 dB over the omnidirectional case.

These simple calculations are for the 2D horizontal plane (azimuth) case. If the antenna
has directionality in the vertical plane as well, and the remote terminals are also distributed
vertically as they are in a fixed broadband system in a densely urban area, the vertical plan
directionality would make the SDMA processing gain even greater. From these examples,
it is obvious that the potential capacity increases available with SDMA are substantial
without increasing bandwidth or partitioning transmission time.

Many fixed broadband hubs deployed in the 24-GHz, 28-GHz, or 38-GHz bands are
actually collections of point-to-point links using high gain antennas on each end. The ‘hub’
is simply a building roof or tower top where a portal to an optical fiber or other high-
speed backbone link is available, and thus becomes the common terminal for a collection
of point-to-point links. Since each antenna is directed to serve a single customer, these
antennas are not really hub sector antennas.

The fixed sector antenna approach has been implemented in cellular radio systems as
the so-called switched beam technology in which the signals from fixed narrow beam
antennas are compared to find which has the best signal from the remote terminal (see
Section 6.6). For mobile systems, this comparison is periodically done so that the mobile
can essentially be tracked as it moves. Suppression of interference from other remote
units is basically whatever incidental suppression is provided, given the fixed orientation
of the antenna. The fixed beam approach can be replaced with adaptively beam-steered
antennas that seek to maximize the signal level from the desired remote terminal. A
steered antenna does not explicitly seek to maximize the SIR by suppressing interference
as well.

The adaptive or smart antennas described in Section 6.6 use adaptive beam-forming to
create a gain maximum toward the desired remote terminal while simultaneously forming
pattern gain minima toward cochannel interference sources, thus maximizing SIR. From
an achieved SIR and capacity perspective, this action can be modeled as the fixed narrow
beam antenna continuously pointed at the other end of the link.

For fixed broadband systems, the problem of adapting the antenna to point at a moving
target is eliminated compared to cellular systems. Nonetheless, the propagation environ-
ment is constantly changing, even from highly localized effects such as persons moving
in a room around the antenna; so to achieve the processing gains possible with SDMA,
the antennas must still be capable of adapting to this changing environment.

If the antenna used on the remote terminal end of each link is a low gain antenna
that illuminates a wide extent of the propagation environment, the angular spread of the
signal arriving at the hub may not be a single direction but span a range of directions
due to scattering. The interference source can be scattered in a similar way. The angu-
lar spread of the desired and the interfering signals inhibits the ability of the adaptive
antenna to maximize the SIR. However, when compared to a mobile system, it is possi-
ble to exploit the relatively lower variability of the angular spread in a fixed broadband
system with longer sampling periods in the adaptive antennas to arrive at the best SIR
results.
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The number of discrete interferers that can be suppressed using an adaptive antenna
is equal to N − 1, where N is the number of antenna elements. For the simple adaptive
antennas being designed for use in remote terminals on NLOS system, only 2 or 3
elements are used. If 2 or more strong interferers exist, such simple adaptive antennas
may not be able to suppress all the interference and the SIR will not be adequate. This
scenario can only be investigated in real terms when a system is fully deployed and
fully loaded with remote terminals. It has been the experience with cellular systems that
they are designed with an over-abundance of downlink signals in certain service areas
(called pilot pollution in CDMA systems). Similar design errors in a SDMA system, in
which adaptive antenna directionality was relied upon to achieved adequate SIR, could
lead to more strong downlink signals than the remote terminal can successfully suppress.
Avoiding this situation is an important aspect of designing a fixed broadband system that
relies on SDMA and adaptive antennas to achieve multiple access.

8.6 CARRIER SENSE MULTIPLE ACCESS (CSMA)

A straightforward means of achieving multiple access on a radio channel is to estab-
lish a protocol in which each remote terminal monitors the radio channel and does not
attempt to transmit any data until it detects that the channel is currently idle (no other
terminal is attempting to transmit). This approach is quite general and can be applied
to form a wide variety of ‘ad hoc’ wireless networks consisting of user terminals and
network access points. This technique is usually called carrier sense multiple access
(CSMA) because the network nodes ‘sense’ the presence of other radio carriers before
transmitting.

Of course there are limitations to this approach. The primary problem is that two or
more terminals may attempt to transmit at the same time because neither sensed the other
first, such that some part of their transmissions overlap. The resulting interference will
cause the transmission to be received with errors. When such collisions are possible, the
network can remedy the situation in several ways:

• CSMA/CD : The ‘CD’ appended to CSMA stands for collision detection. When a ter-
minal detects a transmission collision, it terminates the transmission and waits for an
open time to begin transmitting. This approach is used with wired Ethernet networks
and is viable on other networks when each terminal can detect the transmissions of
every other terminal.

• CSMA/CA: The ‘CA’ stands for collision avoidance. This approach is appropriate
for wireless networks when all the terminals cannot necessarily detect the transmis-
sions of other terminals. Collisions are avoided by a terminal first inquiring of the
receiving terminal if it is acceptable to transmit using a short request to send (RTS)
message. If the receive terminal sees a clear channel, it responds with a Clear to
Send (CTS) message that also tells others terminals (within detection range) that
the channel is busy. When a transmission is received without error, the receiving
terminal can send an acknowledgement (ACK) of correct reception or, conversely, a
NACK message (negative acknowledgement). This is the basic (though not the only)
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approach for CSMA in the IEEE 802.11a and 802.11b wireless network standards.
The timing and time-out restrictions in these standards also impose fundamental
constraints on their usable range.

Unlike the other multiple-access techniques discussed above, CSMA does not provide
for simultaneous use of the radio channels, although it is somewhat like TDMA without
reserved time slots and thus, without reserved spectrum capacity for active users.

The drawback of CSMA is that terminals must wait for an open window in which
to transmit. That wait gets longer as the number of connected terminals increases. The
probability of collisions is directly related to the propagation delay between terminals
and the detection delay at a given terminal, and, of course, the number of terminals.
As the probability of collision increases, and retransmission (sometimes multiple retrans-
missions) is needed to ensure correct data receipt, the net data throughput of the net-
work decreases dramatically and the turnaround delay experienced by the terminal user
increases.

8.7 MULTIPLE ACCESS WITH OFDM

OFDM (or COFDM in normal use) as described in Chapter 7 by itself is not a multiple-
access method. It is subject to cochannel interference from other users in the network
that will result in detection errors depending on the type of modulation used for each
OFDM subcarrier.

OFDM is used in single frequency networks (SFN) in which cochannel interference
is anticipated and planned. Correct operation of an OFDM SFN requires exact synchro-
nization of all transmitters in the network as well as appropriate selection of the guard
interval so that echo signals (interference) from other transmitters occur within the guard
interval and are thus ignored, or occur within the same transmitted symbol time so they
can be used constructively in the receiver to improve system performance. However, an
excessive guard interval to successfully achieve SFN operation represents idle transmis-
sion time that directly subtracts from the overall capacity of the channel. Also, such
systems are really not multiple-access systems because the transmitted information from
each station in the network is the same.

Since OFDM is only a modulation type, some other process must be included for it to
be used with efficient and competitive capacity in a multiple-access network. Five main
approaches have emerged to accomplish multiple access using OFDM as the modula-
tion type:

• multicarrier CDMA

• orthogonal frequency division multiple access (OFDMA)

• OFDM with TDMA

• OFDM with CSMA/CA

• OFDM with SDMA.

Each of these will be discussed below.
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8.7.1 Multicarrier CDMA (MC-CDMA)

Despite its name, multicarrier CDMA is actually a method of employing OFDM to
multiple-access scenarios. With MC-CDMA, the spreading code is used to spread the data
symbols across multiple OFDM carriers. The fraction of the data symbol corresponding to
a chip in CDMA is transmitted via a single subcarrier. The entire data symbol is therefore
transmitted at one time on the entire ensemble of OFDM subcarriers. This necessarily
means that the symbol rate on any individual subcarrier is the same as the data rate.
Successive data symbols are transmitted in the same way.

An important aspect of OFDM is that the symbol rate on the individual subcarriers
must be slow enough, and hence their occupied spectrum must be narrow enough, such
that frequency-selective fading does not occur across the spectrum of any subcarrier. If
this is not the case, with MC-CDMA the data stream must be further subdivided using
a serial-to-parallel converter, with each data symbol from the output of the converter
further subdivided to modulate a set of OFDM subcarriers in the usual way as described
in Section 7.3.3. A block diagram of this process is shown in Figure 8.13.

The number of subcarriers needed for MC-CDMA depends on the extent to which the
serial-to-parallel converter must group data blocks for transmission. If the converter sets
up P output bits for transmission, the number of subcarriers required is

N = PK MC (8.19)

where KMC is the spreading code length. The total occupied bandwidth BW MC is given by

BW MC = (PK MC − 1)

(TS − TG)
+ 2

TS

(8.20)
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Figure 8.13 Basic block diagram of an MC-CDMA transmitter for user j .
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where TS is the subcarrier symbol duration and TG is the guard interval. The subcarrier
spacing is then �ω = 2π�f = 2π/(TS + TG).

An analysis of MC-CDMA as compared to DS-CDMA is presented in [12] for several
different system designs and multipath scenarios. This comparison arrives at the con-
clusion that MC-CDMA has no major advantage over DS-CDMA in terms of required
bandwidth to achieve the same BER performance. Its ability to reject interference and
therefore provide capacity in a multiple-access system design is also the same as DS-
CDMA. Like other OFDM systems, however, MC-CDMA does place greater linearity
requirements on the power amplifier compared to DS-CDMA, as well as subcarrier sta-
bility constraints to avoid intercarrier interference (ICI). Using SC modulation, there
obviously are no ICI problems with DS-CDMA.

While MC-CDMA has undergone significant analysis by a number of researchers (see
the reference list in [12]), at present it is not a technology that is being pursued for use
in fixed broadband wireless system deployment.

8.7.2 Orthogonal frequency division multiple access (OFDMA)

OFDMA is a logical extension of OFDM in which a subset of the available subcarriers is
used to carry the data for a given remote terminal. The subcarrier universe is that estab-
lished via OFDM, but the subset of subcarriers assigned to each user can be (randomly)
distributed among the universe of subcarriers. This makes it somewhat similar to FDMA
if a user’s data were subdivided among multiple subcarriers; however, because of the
orthogonal relationship of the carriers in OFDM, it is easier to filter one subcarrier from
another, so guard bands and tight filtering as with FDMA are not needed.

From the use of multiple subcarriers, it is an obvious step to further randomize the
channel usage and average the interference potential by employing FH among the OFDM
subcarriers. In FH-CDMA, the frequencies used in the hopping sequence can be arbitrary
as long as the receiver knows what the frequencies are and the order in which they are
accessed. With OFDMA, the frequencies are established by the OFDM modulation with
the FH sequence used to distinguish the signal of one terminal from another. The multiple-
access concept can be further extended to subdivide the spectrum in time. Individual
remote terminals are assigned TS as in TDMA during which they are permitted to access
the subcarriers to transmit data via their uniquely assigned coded hopping sequence.

As with any FH system, the hopping patterns can themselves be orthogonal; that is,
for N frequencies in the systems, N orthogonal hopping patterns can be constructed.
OFDMA is one of the modulation/multiple access techniques specified in the draft of
IEEE 802.16a (see Section 8.7.6). Because all the subcarriers used on a hub for commu-
nication with various remotes are orthogonal, intracell interference is eliminated, subject
to phase/frequency distortions from the multipath. The only interference source will be
from remotes and hub sector transmitters in other cells. This interference will experience
spread spectrum interference averaging over the entire channel bandwidth as normally
seen with spread spectrum (SS) systems in general and CDMA in particular.

8.7.3 OFDM with TDMA

Any of the modulation types described in Chapter 7 can be used with TDMA by simply
defining a TDMA frame structure with TS and using the selected modulation during each
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time slot to communicate with separate remote terminals. Using TDMA with OFDM is
one of the multiple access/modulation methods included in the draft of the IEEE 802.16a
standard (see Section 8.7.6).

8.7.4 OFDM with CSMA/CA (IEEE 802.11a)

This combination of technologies is included here because it is the combination selected
for IEEE 802.11a systems operating in the 5-GHz license-exempt band in the United
States and Europe. Both OFDM and CDMA/CA were discussed in earlier sections.

The 802.11a standard currently provides for up to 12 nonoverlapping 20-MHz-wide
channels, each with a raw data rate of up to 54 Mbps at short ranges. The allowed trans-
mitter power output ranges from 50 to 250 mW for the 8 low band channels intended for
indoor communications, and up to 1000 mW on the upper 4 channels intended for outdoor
building-to-building communications. Each 20-MHz channel is occupied by 52 OFDM
subcarriers resulting in a carrier spacing of about 300 kHz. To achieve the maximum trans-
mission a rate of 54 Mbps, each of the OFDM subcarriers is modulated with a 64QAM
signal as described in Chapter 7.

As with 2.4-GHz IEEE 802.11b that uses a DS spread spectrum air interface (not
CDMA), the multiple-access scheme in IEEE 802.11a still relies on the relatively ineffi-
cient CDMA/CA approach. For a large number of remote terminals attempting to use
the network, the net data throughput will decrease and the network response delay
will increase.

8.7.5 OFDM with SDMA

Some systems currently being planned for NLOS operation in the licensed bands at 2.5 to
2.7 GHz and 3.5 GHz use a combination of OFDM and adaptive antennas to accomplish
multiple access. This combination provides good multipath immunity and interference
rejection properties that will potentially allow multiple users to operate on the same
frequency on the same hub sector. The relative ability of OFDM to handle cochannel
interference as already discussed is modest, so the multiple-access strengths of the scheme
rely solely on the ability of the adaptive antennas to enhance the desired signal and
suppress interference. As mentioned earlier, several strong interferers will present the
greatest challenge to OFDM and SDMA systems. In such cases, with multiple strong
interfering signals close by, intelligent assignment of different frequency channels is an
appropriate solution. With an NLOS system and remote terminals intended to be self-
installed by the end user, the frequency selection process must also be automatic, even
with the potential close-by interferers not yet in operation. Frequency assignment strategies
of this type are discussed in Chapter 12.

8.7.6 OFDM multiple-access standards

There are at least two standards in which OFDM is currently specified as a modulation
type with associated multiple-access methods. The two most relevant to current fixed
broadband wireless system design are the IEEE 802.11a standard for the 5- to 6-GHz band
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Table 8.3 Draft 802.16a OFDMA parameters

Parameter Value

FFT size, NFFT 2048, 4096
Bandwidth, BW Depends on band and country
Sampling frequency, FS BW · (8/7)

Subcarrier spacing, �f FS/NFFT

Useful time, Tb 1/�f

Cyclic prefix (CP) time, Tg Based on Tb and allowed ratios
OFDM symbol time, TS Tb + Tg

Ratio, Tg/Tb 1/32, 1/16, 1/8, and 1/4
Sample time 1/FS

Number of downlink/uplink channels 32
Number of data subcarriers per channel 48

and IEEE 802.16a standard for the 2- to 11-GHz band. The IEEE 802.11a is described
in Section 8.7.4.

The draft IEEE 802.16a standard [13] for wireless access systems in the 2- to 11-GHz
range is intended for much longer range metropolitan area networks (MAN) rather than
local area networks (LAN), which is the target of IEEE 802.11a. The IEEE 802.16a
standard has specifications for both licensed and license-exempt bands. IEEE 802.16a
specifies the use of three different modulation/multiple access techniques:

• single carrier (SC) with TDMA;

• OFDM with TDMA: The fast Fourier transform (FFT) size can be 256 or 512,
resulting in 212 or 424 active subcarriers, respectively;

• OFDMA with FFT sizes of 2048 or 4096, with 1696 or 3392 active subcarriers,
respectively. For the 2048 case, the subcarriers are divided into 32 channels of
48 subcarriers each, with the remaining subcarriers used as pilots and other over-
head functions.

Given the large number of bands in which the 802.16a standard can be applied worldwide,
there is no fixed channel bandwidth. Instead, the OFDM subcarrier frequency spacings
are scaled for the available channel bandwidth. Some of the basic parameters are shown
in Table 8.3. Both FDD and TDD duplex methods are permitted by IEEE 802.16a. Given
the various options available in this standard, transmissions contain preamble information
that instructs the remote units as to the technology being used.

8.8 DUPLEXING METHODS

As discussed in the introduction to this chapter, duplexing is the mechanism by which
two-way communication is accomplished between two points in a single link system
or between a remote terminal and the network hub or backbone in point-to-multipoint
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networks. The duplexing method chosen for a system is essentially independent of the
modulation type and the multiple-access-technology. The main issues that influence the
duplexing method selection are the nature of the available spectrum allocations and
the nature of the traffic that is to be communicated.

The two duplexing methods primarily used in fixed broadband wireless are FDD and
TDD. Both are discussed in the following sections along with the lesser-used methods of
polarization duplexing and space duplexing.

8.8.1 Frequency division duplexing (FDD)

Frequency division duplexing is the method most widely used in traditional fixed broad-
band point-to-point and point–to-multipoint systems. A drawing illustrating FDD is shown
in Figure 8.14. The primary parameters with FDD are the channel bandwidths themselves
for downlink and uplink and the duplex frequency separation between pairs of downlink
and uplink frequencies. The downlink and uplink bandwidths are chosen to accommodate
the required system data rate and modulation scheme, or they may also be mandated by
administrative rules as in the case of first- and second-generation cellular systems. The
total duplex bandwidth available to a user is Dn + Un. If asymmetrical downlink and
uplink traffic volume is anticipated, Dn does not necessarily have to be the same as Un,
although in conventional systems it is typical for the downlink and the uplink bandwidths
to be equal.

The duplex frequency separation is chosen largely to make the design of duplexing
waveguides or circuitry at a terminal practical. For a full duplex system, a terminal will
be sending and receiving simultaneously so that both the downlink and the uplink chan-
nels are active. If a single antenna is used, which is the economical approach, the device
known as a duplexer at the remote terminal must separate the signals being received on Dn

from those being transmitted on Un. The design of duplex filters to accomplish this task
becomes more difficult and problematic as �f decreases. Since the uplink and the down-
link signals are different, signal leakage of one into the other represents interference and

Frequency

D1 D2 D3 DN

Duplex frequency separation Δf

U2 U3 UNU1

Guard band 

Figure 8.14 Frequency division duplexing (FDD) with downlink channels Dn and uplink channels
Un with duplex frequency separation �f .
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correspondingly lowers the fade margin. A typical minimum duplex frequency separation
is 5% of the carrier frequency. For the 28-GHz LMDS band, this is about 1.4 GHz.

Anything that can increase the isolation between Dn and Un will relax the filtering
requirements of the duplexer. For microwave systems with fixed high gain antennas, a
common approach for improving downlink–uplink isolation is to use one polarization for
the downlink and the orthogonal polarization for the uplink. As illustrated in Figure 6.12,
in the main lobe of antennas typically used in such systems, the order of 30 dB of isolation
can be achieved between orthogonal polarizations. In effect, this is polarization duplexing.
The required duplex frequency separation �f can be significantly reduced with effective
polarization duplexing.

From a spectrum efficiency standpoint, the main drawback to FDD is that it reserves
spectrum in Dn or Un that may be underutilized much of the time. This is especially
true when the traffic is highly asymmetrical. The usual situation considered is the ‘web-
browsing’ application in which the downlink transmission is a relatively high volume
of data traffic including web pages, images, or video or audio files, while the uplink
transmission consists simply of a series of mouse clicks or key strokes – relatively low
traffic volume. If a full uplink channel is reserved for this terminal, it could well be idle
most of the time, which is an inefficient use of the spectrum. This is the argument most
often put forward in favor of TDD discussed in the next section.

Other data applications such as e-mail represent much more symmetrical downlink–
uplink traffic volume distribution, and the potential benefits of TDD are not quite so
apparent. Also, for traditional two-way point-to-point microwave links that carry high
volume data traffic in both directions, or multiplexed voice traffic with a fixed number
of channels in each direction (even if idle), TDD can have drawbacks. Such point-to-
point links are commonly used in cellular backhaul (network interconnect) applications
or corporate interbuilding or intercomplex connections. For such situations, FDD is the
better approach for duplexing.

8.8.2 Time division duplexing (TDD)

Time division duplexing (TDD) uses the same frequency channel for both downlink
and uplink transmission. For conventional analog wireless systems, the TDD operation is
called simplex. In a typical simplex analog wireless system, the network user listens for an
idle channel before transmitting a message. The user then monitors this same frequency for
a response to the transmitted message. What distinguishes TDD from simplex systems
is that modern digital hardware makes it possible to rapidly switch the channel from
transmitting to receiving information, and interleave (in time) packets of transmitted and
received data such that from the end user’s viewpoint, the channel is perceived to be a
full duplex channel that can transmit and receive information ‘simultaneously’. A drawing
illustrating TDD is shown in Figure 8.15. A guard time is inserted for transitions from
transmit to receive mode, and vice versa, between TS.

The main advantage of TDD is that the time occupancy of the channel can be adjusted
to accommodate the asymmetrical traffic volume on either the uplink or the downlink. The
reduction in channel idle time leads to greater efficiency than FDD in which some channel
idle time would occur with asymmetrical traffic volume. For an asymmetry factor of 2, the
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Time

D1 U1 D2 U3D3 D4 U4U2

Guard time (50 to 200 μs)

Figure 8.15 Time division duplexing (TDD) with downlink transmission intervals Dn and uplink
transmission intervals Un with guard time. Transmission interval length can vary
with adaptive TDD.

increased efficiency is given at about 16% in a recent report. Because of basic overhead
information, all TDD systems (like UTRA TDD, for example) use a fixed frame length and
TS or ‘burst’ structure of some sort that becomes the quantum unit for uplink/downlink
transmission. The flexibility to adjust the symmetry of the uplink/downlink flow is there-
fore not unlimited but restricted to possible ratios as discrete values. The limited number
of discrete values still provide for considerable range in adjusting the uplink/downlink
time slot allocations.

For multiple access or adaptive antenna techniques that use channel estimation, the fact
that the uplink and the downlink channels are the same can be used to some advantage.
TDD systems are also more flexible in administrative frequency allocations in which only
a single rather than a pair of frequency channels are available. Of course, for equivalent
full rate downlink and uplink transmission, the bandwidth of the TDD channel must be
equal to the bandwidth of the sum of the downlink and uplink channel bandwidths used
for FDD.

8.8.2.1 TDD interference calculations

Although TDD has many benefits, one drawback of a TDD system that is rarely pointed
out is the doubling of the number of interference sources that must be dealt with as
compared to an FDD system. This situation is illustrated in Figure 8.16(a) for FDD with
a simple two-hub system with one remote terminal connected to each hub using the
same downlink and uplink frequencies fd and fu in each case. The interference paths
for the FDD interference analysis are shown by dotted lines for the uplink and dashed
lines for the downlink. The interference analysis for the downlink (interference to remote
terminals) is confined to interference from other system hubs only. Similarly, uplink
interference calculations (interference to hubs) are confined to interference from other
remote terminals only.

The TDD interference situation is shown in Figure 8.16(b). Because both the hub
and remote terminals are transmitting on the channel fd , both must be considered in
the interference calculations at the hub and remote terminal (uplink and downlink) on
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Figure 8.16 (a) FDD interference calculations paths and (b) TDD interference calculation paths.

the neighboring H2-T2 link. While the uplink/downlink time division allocation of the
channel is synchronized so that the transmissions do not conflict between a single hub
and its remote terminals, this uplink/downlink time division allocation does not generally
extend to other hubs and communication with their respective terminals. Synchroniz-
ing the two-way uplink/downlink allocation is difficult because the allocation between
a hub and remote terminal is traffic-dependent. Synchronizing them all with other links
would impose severe uplink–downlink allocation restrictions on those links. Because
the uplink–downlink transmission allocations are asynchronous, both the hub and the
remote terminal must be considered as interference sources with some reduced average
duty cycle. The interference paths for the equivalent two-hub TDD system are shown as
dotted and dashed lines in Figure 8.16(b). For UTRA TDD, frame synchronization can
assist in mitigating this interference. Some simulations of this problem for UTRA TDD
are found in [11].

For systems using SDMA that rely on adaptive antenna technology for interference
suppression, the increase in the number of potential interference source locations means
these antennas have more interference sources they must suppress. For remote terminals
with modest adaptive antennas made up of only a few elements, the increase in interference
source locations (and corresponding different arrival angles) will increase the difficulty
of adjusting the antenna to suppress interference and achieve the desired SIR.

8.9 CAPACITY

A measure of the success of any multiple-access technique is the overall capacity it can
achieve in terms of bps/Hz/km2 throughput in a two-dimensional service area. Fixed
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broadband systems in densely urban areas actually operate in a three-dimensional propa-
gation environment, which can be exploited using SDMA or fixed broadband microwave
systems using antennas with high gains in both the azimuth and elevation planes. Very
narrow beam FSO technology can best exploit the 3D spectrum space. Capacity for
such systems should really be recognized in three dimensions, or bps/Hz/km3. While
this wireless ‘box of beams’ is an accurate generalized view of a fixed broadband net-
work deployment, for simplicity, capacity will be considered here in the more globally
applicable two-dimensional framework.

Unfortunately, the raw capacity metric bps/Hz/km2 is not very useful for assessing the
quality of the communications process under a variety of single-user, multiuser, noise-
limited, and interference-limited circumstances. Capacity can be assessed in a variety of
ways depending on how that assessment will be used. A number of capacity calculation
approaches are discussed below including

• Shannon theoretical channel capacity limit

• capacity in interference-limited, multiuser systems

• user capacity

• commercial capacity.

Capacity figures are often used to make relative comparisons of the success or strength
of one technology versus another, but sometimes these comparisons are influenced by
other nonengineering issues that are not relevant to a system operator trying to select a
technology to meet service objectives and business plan milestones. With that in mind,
the following discussion will describe capacity in terms of what a communication system
operator can offer customers by way of data throughput, reliability, and service quality.

8.9.1 Shannon theoretical channel capacity

A presentation of Shannon’s theory for the upper bound of channel capacity in bits per
second for a channel corrupted by additive white Gaussian noise (AWGN) can be found
in any modern communications engineering textbook, for example, [14,15]. The Shannon
capacity bound is a rate at which information can be transmitted with arbitrarily small
error rate (including zero) over an AWGN channel with the use of appropriate coding
(which Shannon did not identify). That Shannon information capacity bound is given by

C = BW log2

(
1 + S

N

)
bps (8.21)

where S is the signal power, N is the noise power in the channel, and BW is the channel
bandwidth in hertz. The normalized channel capacity bps/Hz is then
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where N0 is the noise power density in hertz, Eb is the signal energy per bit, and R is
the information rate in bps.
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The Shannon capacity limit is not realizable with currently known coding schemes.
More importantly, coding schemes that approach the limit require significant lengths and
complexity; the resulting long delays tend to infinity as the Shannon limit is approached.
While achieving the maximum information capacity from a channel may be desirable,
from a user’s perspective, infinite delays and the cost associated with high complexity are
not. Short of this upper limit, it is possible to identify a transmission rate and particular
coding scheme rate or set of rates, that achieve some nonzero (but acceptable) error level.

For most wireless channels, the SNR in (8.21 or 8.22) is a time-varying quantity with
a statistical description. The capacity is also similarly varying with time and statistically
described. Even though the Shannon capacity is not a very practical measure for wireless
system design and planning, it can be a useful benchmark for those engaged in designing
coding and multiple adaptive antennas technology for wireless systems.

The Shannon capacity is a channel capacity rather than a system capacity. It relies on
some notion of a defined ‘channel’, which for Shannon in 1947 was better represented by
a telephone wire than a complex wireless communications channel. The increased capacity
results with multiple input, multiple output (MIMO) systems described in Chapter 6 leads
to the view of a ‘channel’ that is not even a distinct entity but rather a continuum of
decoupled transport mechanisms that are enabled in partial, time-varying ways by the
complexity and fractured nature of the propagation environment.

8.9.2 Capacity in interference-limited, multiuser systems

Beyond consideration of a single channel, the more generalized capacity of interest is the
overall capacity of the network when there are multiple channels and multiple users. More
directly, the network capacity is the number of users whose communication objectives
can be ‘simultaneously’ met, with the caveats on ‘simultaneously’ previously discussed
in the introduction to this chapter. This approach to calculating capacity has been used
extensively for cellular system technology comparisons. The basic weakness is that ana-
lytical studies require several assumptions, particularly, interference levels from other
parts of the system and the channel response characteristics. The traditional hexagon cell
layout with assumed cell service radii with associated intercell interference and reuse dis-
tances is only theoretical – no real cellular system has this topology. As the propagation
environment gets less homogeneous, and directional antennas are used, the interference
levels leading to BER calculations are not uniform. The system capacity thus becomes
less dependent on the technology and more dependent on the environment where the
technology is deployed. Environment-specific simulations with full-featured propagation,
channel, and hardware models are the appropriate approach to assessing the potential
capacity of competing technologies.

The factors in a multiuser system that affect the system capacity are as follows:

• Required net error rate for a given application after decoding and forward error
correction (FEC)

• Modulation efficiency (bps/Hz)

• Coding overhead
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• Multiple-access technique – FDMA, TDMA, CDMA, SDMA, and OFDMA

• Diversity (time, space, frequency, code, etc.)

• Overhead for guard bands, guard times, and so on

• Hard or soft handoff network overhead requirements

• Directional antennas

• Automatic power control (APC) on both uplink and downlink

• User service duty cycle or packet traffic statistics (voice activity factor in voice
systems)

• System intelligence in terms of dynamic resource assignments to respond to changing
service demand. Dynamic channel assignment (DCA) and dynamic packet assignment
(DPA) are two examples of system intelligence that affects capacity.

As an example, consider a 1-MHz channel using 16QAM modulation. Theoretically
16QAM has an efficiency of 4 bps/Hz, but with coding overhead and imperfect filter-
ing, the net actual efficiency is typically around 3.0 bps/Hz. In a channel with a 1-MHz
bandwidth, the data rate furnished to the user will be 3.0 Mbps. If the channel is time-
shared using TDMA among 10 users, and TDMA overhead is ignored, the data rate to
each user is 300 kbps. If the system has 10 such channels using a single hub, the total
hub capacity is 30 Mbps.

The above calculation assumes that the SNR at the user terminal is adequate to achieve
an acceptable error rate after decoding and error correction. For a given transmitter power,
receiver noise figure, and antenna gains, this implies there is a limit to the range or link
pathloss at which service can be furnished. Choosing a more efficient modulation scheme
such as 64QAM with 6 bps/Hz will increase the total data rate available in a channel but
will reduce the transmission range over which this data rate is available because a higher
SNR is required to achieve the required error rate. The more efficient modulation is also
more susceptible to errors from interference as shown in Chapter 7, so the ability to reuse
frequencies on nearby hubs is reduced, thus reducing the overall network capacity.

A multihub hypothetical hexagon system layout is shown in Figure 8.17. For a multihub
system, each with multiple users, the performance of each link on each of the 10 channels
is now degraded by intercell interference. The extent of interference will depend on the
distance and resulting pathloss between the receivers (both hub and remote terminal) in a
victim cell and the transmitters (both hub and remote terminal) in neighboring cells. The
interference level will also depend on the directional antenna properties of all transmitters
and receivers, and whether APC is used on transmitters. If the locations of all transmitters
and receivers are explicitly known along with the characteristics of the antennas and
RF equipment, a pathloss model can be used to find the interference level from every
transmitter to every receiver. The capacity of the 10 channels used by the receivers can
then be reassessed in light of the interference + noise level. A similar procedure can
be used for each cell and the total capacity of the network explicitly calculated. Of
course, when anything changes (more terminals, different modulations, etc.) the system
capacity must be recalculated. Chapter 12 includes the mathematical details of the capacity
calculation.
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Serving hubRemote terminal

Figure 8.17 Hypothetical hexagon grid cell layout with interference paths to remote terminal from
closest (first ‘ring’) interfering hubs shown as dotted lines.

The point of describing this example system is to demonstrate how dependent the
system capacity is on all the bullet points listed above. In simple analytical analyses of
networks, many of the direct calculations described above are replaced by assumptions.
For example, the service range for a given modulation type is usually assumed to be
a fixed distance from the hub, and the interference from other cells is summarized by
a single number that is proportional to its distance from the victim cell. Even though
these assumptions cloak the details and complexity of the problem and thus lowers the
quality of the capacity estimate, this approach at least provides a simple, easily understood
‘ballpark’ capacity number.

In Chapter 11, specific link budget calculations will be presented that quantitatively
take into account the factors cited above. Comprehensive, iterative use of such calcula-
tions, used in the context of wireless system planning software, can provide much more
realistic estimates of the capacity of particular system design by taking into account all
the particular parameters of that design.

As a general principle, network capacity will increase as the cell service area size
decreases. This is simply a result of shifting the capacity from the wireless radio resource
to a larger number of network access point resources. However, the infrastructure cost
associated with this shift is significant, and includes the infrastructure access points them-
selves (including towers, etc.) and the cost of connecting these access points to the optical
fiber backbone (backhaul). For mobile systems, there is also the issue of handing off ser-
vice from one access point or hub (cell site sector) to another. Depending on the handoff
scheme, some capacity may be sacrificed in maintaining multiple remote-hub connections.
This cost trade-off is another aspect of assessing system capacity.
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8.9.3 User capacity

The capacity calculations for the system in the preceding section considered service to
be delivering a given data rate at a given BER. The concept of capacity can be extended
to calculations of how many users are receiving ‘acceptable’ service that include several
other QoS parameters. Such additional parameters include

• connection time overhead (how fast does it connect)

• turnaround delay (latency)

• jitter (the variation in latency)

• total uplink and downlink throughput

• throughput variation (service consistency).

A user’s perception of the network is based on a qualitative assessment of these char-
acteristics. Bridging the gap from the qualitative user perception to specific engineering
design objectives is one of the challenges in modeling network traffic requirements. These
aspects of service quality will be discussed in more detail in Chapter 9 on traffic and
application modeling.

8.9.4 Commercial capacity

In most cases, the fixed broadband wireless system will be built as part of a commercial
wireless business in which the system capacity represents the inventory of the busi-
ness – the product that the wireless business has for sale. How the link capacity is
packaged is important to how desirable it will be to system customers. A system that
very efficiently provides a set of highly reliable slow speed 10-kbps data channels does
not provide the operator with a product inventory that is competitive or marketable. From
this perspective, the starting point in calculating system capacity is market research, which
in turn defines the required service and application inventory. The engineering details of
the system are then determined so that the required inventory is provided in the most
cost-effective way.

The required inventory can be quite varied with different customers requiring differ-
ent data rates, service quality, and availability. The terms of what the wireless operator
is providing (and what the customer is paying for) are sometimes embodied in service
level agreements (SLAs). Lower data rates, quality or availability carry a lower price.
Technological flexibility that allows the service to be packaged in a wide variety of
ways is another aspect of the commercial capacity that should be considered in net-
work design.

Commercial capacity can be directly tied to business revenue potential and ultimately
to whether there is a viable business case for building the system. If the business case
is not initially attractive, modifications to the engineering elements that affect capacity
and cost as listed in Section 8.9.2 can be made in an effort to create a system that is
commercially feasible.
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8.10 CONCLUSION

Fixed broadband wireless systems fall into two broad categories. The first category
includes individual links used to connect two distinct points. The only access question is
whether an interference-free frequency can be found to carry the service. In the second,
more general, case, there will be multiple users contending for use of the same spectrum.
These users will be both cooperative (within the control of the system operator), and
uncooperative as in the case of a competing system in the same geographical area or in
a neighboring area.

For the case of cooperative multiple users in the same system, this chapter has described
a variety of approaches to harmoniously allowing many users to successfully access
the spectrum simultaneously. The techniques described include FDMA, TDMA, CDMA,
SDMA, OFDMA, and CSMA. Each is intended to exploit particular dimensions of the
spectrum space, but more importantly, modern systems have evolved in which two or
more of these approaches are used in combination to achieve system capacity that is well
suited to the network requirements.

SDMA is particularly universal as it can be added in combination with any of the other
described methods without the use of additional bandwidth or time. The cost associated
with SDMA is hardware complexity; a cost which continually decreases with more effi-
cient and powerful signal processing chips. SDMA also requires more physical space for
the adaptive antenna elements. Nevertheless, of the multiple-access techniques described
here, SDMA offers the greatest future potential for increasing system capacity when
compared to the potential of the other technologies.
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