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Preface

Today, communication enters our daily lives in so many different

ways that it is very easy to overlook the multitude of its facets. Mobile
phones, radio and TV, Internet access points, ....etc., are all capable of
providing rapid communications from every corner of the globe.
Indeed, the list of applications involving the use of communication in
one way or another is almost endless.

Digital communication are becoming increasingly attractive due to its
advantages that make it easy to handle and flexible compared to analog
communication

This book was written for under-graduate students interested in
electrical communication systems, those require a solid understanding
and a consolidated comprehensive text of digital communication
systems. Content of the book has been selected to be adequate for a
one-semester course in digital comm. systems. The clear trend in
today’s academia is to teach less analog and more digital material. The
book focuses on digital communication systems, aiming to provide its
basics to the students of communication engineering, and explain them
in the simplest and most efficient way. It covers the basic building
blocks of pulse and digital communications systems. Our material on
base band pulses and carrier modulation has been completely recast in
order to achieve a simpler exposition and introduce a stronger
engineering flavor.

The book is organized as follows;
Chapter 1, Introduction, introduces the overall structure of the digital

communication system followed by its advantages and disadvantages.
Chapter 2, Digital pulse modulation, covers the process of converting
the analog signal into digital one. It discusses the processes of
sampling, quantization, and coding that are fundamental to the digital
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transmission of analog signals. This chapter may be viewed as the
transition from analog to digital communication. The characteristics of
pulse amplitude modulation, PAM are discussed in detail, as it is the
basic to all forms of pulse modulation, be they of the analog or digital
type. PCM signal are discussed and evaluated, followed by its
differential version, DPCM, delta modulation, and its adaptive format
are also discussed.

Chapter 3, Multiplexing Techniques, differentiate between analog,
and digital multiplexing, describing the hierarchy structure of each of
them.

Chapter 4, Digital Modulation, discusses passband data
transmission, where a sinusoidal carrier wave is employed to facilitate
the transmission of the digitally modulated wave over a band pass
channel. Different digital modulation techniques are discussed such as;
ASK, FSK, and PSK with its M-ary techniques as power and spectrum
efficient digital modulation techniques. Hybrid amplitude/phase
modulation schemes including QAM is also given. This is followed by
MSK, and GMSK discussion as methods to overcome FSK
disadvantages. The chapter is ended by evaluation of the effect of
channel noise on the performance of digital communication systems.
Moving through this book, and studying the numerous examples, the
student learns the fundamentals of the subject and acquires the tools
and skills necessary to analyze and design elements of modern
communication systems. The prerequisite for this book is a course in
analog communication.

The text is ended by a sample of the references used to cover the area
of the "Digital Communication”.

Hopefully this text including something useful, but as every thing in
our life still something missed.
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Chapter
1

Introduction

Digital communications refers to the field of study

concerned with the transmission of digital data in contrast with
analogue communications. While analogue communications use

a continuously varying signal, a digital transmission can be broken
down into discrete messages. Transmitting data in discrete messages
allows for greater signal processing capability. The ability to process
a communication signal means that errors caused by random processes
can be detected and corrected. Digital signals can also be sampled
instead of continuously monitored and multiple signals can be
multiplexed together to form one signal.

One advantage of digital information is that it tends to be far more
resistant to transmitted and interpreted errors than information
symbolized in an analogue medium. This accounts for the clarity of
digitally-encoded telephone connections, compact audio disks, and for

much of the enthusiasm in the engineering community for digital
comm.® technology. Digital communication is so full of concepts,

processes, algorithms, and complexity because this is the route to lower

cost.
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In 1841, the great mathematician Augustin-Louis Cauchy first proposes
the sampling theorem. Nearly 80 years later J.R. Carson published

a mathematical analysis of time sampling in communications.

In a 1928 lecture at the American Institute of Electrical Engineers
Harry Nyquist provides proof of the sampling theorem in "Certain
Topics in Telegraph Transmission Theory". In 1937, A. Reeves
proposes Pulse Code wave Modulation (PCM). In 1948, John Bordeen,
William Shockley, and Walter Brattain invent the bipolar junction
transistor at Bell Labs-compact digital circuitry is a reality. Two years
later, in 1950 Richard W. Hamming publishes significant work on error
correction and detection codes. VVoice digitization and transmission first
became feasible in the late 1950s when solid state electronics became
available. In 1962 Bell System personnel established the first
commercial use of digital transmission when they began operating a T1
carrier system for use as a trunk group in a Chicago area exchange.
After the Tl system a family of T-carrier systems (TI, TIC, TID, T2, T3,
T4) were developed, all of which involved Time Division
Multiplexing, TDM of digitized voice signals. In 1965, NHK Technical
Research Institute publicly demonstrates a PCM digital audio recorder
with a 30 kHz sampling rate and 12-bit resolution. The world's first
commercially designed digital microwave radio system was established
in Japan by Nippon Electric Company (NEC) in 1968.

In the early 1970s digital microwave systems began to appear in the
United States for specialized data transmission services. The first

digital microwave link in the U.S. public telephone network was
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supplied by NEC of Japan for a New York telephone link. Digital
microwave systems were subsequently developed and installed by
several U.S. manufacturers for use in intermediate-length toll and
exchange area circuits.

Bell System's first commercial use of digital fiber optic transmission
occurred in September of 1980 on a short-haul route. Three years later
the first long-haul system between New York and Washington, D.C.,
was put into service.

The objective of designing a communication system is for the electrical
signal at the transmitting end to be reproduced at the receiving end with
minimal distortion. To achieve this, different techniques are used,
depending on issues such as type of data, type of communication
medium, distance to be covered, and so forth. Figure 1.1, illustrates the
typical functional elements of a digital communication system.

The information source generates particular symbols at a particular
rate. The source encoder translates these symbols in sequences of 0's
and 1's. The channel encoder is oriented towards translating sequences
of 0's and 1's to other sequences of 0's and 1's, to realize high

transmission reliability and efficiency.
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Figure 1.1: Digital Communication System

The modulator accepts streams of 0's and 1's, and converts them to
electrical waveforms suitable for transmission.

The communication channel provides the connection between the
source and destination. It may be wired or wireless with a finite
bandwidth. The transmitted waveform suffers from amplitude and
phase distortions in addition to power decrease due to channel
attenuation especially with large distance.

Finally, the waveform is corrupted by unwanted signals, referred to as
noise. The primary objective of a communication system is to suppress
the bad effects of noise as much as possible. Attenuated signal may be
recovered by amplifiers, but noise can't be eliminated at all as the
amplifiers amplify the added noise as well. Amplification alone does
not solve the problem, particularly when the system has to cover large
distances.

The inverse process takes place at the destination side.



Chapter 1 Introduction 5

The demodulator converts the electrical waveforms to sequences of 0's
and 1's, the channel decoder translates the sequence of 0's and 1's to the
original sequence of O's and 1's. It also performs error correction and
clock recovery. The source decoder finally translates the sequence of
0's and 1's into symbols. Figure 1.2 illustrates a more detailed block
diagram of digital communication system with main processes that
carried to transmit the base band signal.

If individual time values of the discrete-time signal, instead of being
measured precisely (which would require an infinite number of digits),
are approximated to a certain precision-which, therefore, only requires
a specific number of digits-then the resultant data stream is termed

a digital signal. The process of approximating the precise value within
a fixed number of digits, or bits, is called quantization.

In summary, a digital signal is a quantized discrete-time signal,

a discrete-time signal is a sampled analogue signal. In most
applications, digital signals are represented as binary numbers, so their

precision of quantization is measured in binary digits or bits.
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1.1 Digital Network Evolution
The evolution of the analogue telephone network into one that is all

digital except for the access lines is summarized in figure 1.3.

DPBX

fe)

Figure 1.3 Digital network evolution

The process began in the 1960s (a) with T1 systems being installed on

relatively short haul interoffice trunks within the exchange areas. Next,
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in the early 1970s (b), digital transmission was introduced into the toll
(trunk) network with T2 systems for relatively short routes between toll
offices. It was in the late 1970s (c) that digitization really began to take
over.

Tl coverage expanded greatly, Digital Loop Carrier (DLC) systems
came into use, Digital subscriber carrier systems were actually
introduced in the early 1970s, but these systems utilized a voice
digitization technology (delta modulation) that was incompatible with
the rest of the network and therefore did not figure into the integrated
network. These early digital loop carrier systems are now obsolete),
and digital switches became available at all levels of the network:
PBXs (DPBXs), End Offices (DEQOs), Tandem Offices, and Toll
Offices (DTOs). Moreover, Microwave Digital Radios (MDRs) proved
to be advantageous to use in both the exchange areas and the shorter
toll network routes due to low interface costs to digital switches. Thus,
the late 1970s produced a number of integrated islands where digital
switches within a region were interconnected by digital transmission
links but there was little digital connectivity between the islands. (Data
under voice was installed as an over build to analogue routes for
limited-capacity data services.). A fully integrated and interconnected
digital network became a reality in the early 1980s (d) when fiber optic
transmission emerged as the technology of choice for high-density
long-haul routes.

Digital connectivity to business customer premises equipment also

occurred in this time frame as Tl became the preferred voice trunk
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interface for large PBXs. End-to-end digital connectivity for voice or
data services became a reality in the late 1980s (e) with the
introduction of ISDN basic rate (ISDN BR, 28 + D) and ISDN Primary
Rate (ISDN PR, 238 + D) digital connections to the customer. In
addition, fiber technology became much more ubiquitous as DS3 rate
systems eliminated T2 systems in the toll network and fiber-based
systems became the preferred technology for loop carrier and feeder

systems-even at relatively short distances.

1.2 Advantages of digital VVoice Networks

The main advantage of digital information is that it tends to be far more
resistant to transmitted and interpreted errors than information
symbolized in an analogue medium. This accounts for the clarity of
digitally-encoded telephone connections as example. However, digital
communication has its own unique pitfalls, and there are multitudes of
different and incompatible ways in which it can be sent. The technical
advantages of digital communications are;

. Ease of multiplexing,

. Ease of signaling,

. Use of modern technology,

. Integration of transmission and switching,

. Signal regeneration,

. Performance monitor ability,

. Accommodation of other services,

coO N oo o A W N P

. Operation at low signal-to-noise/interference ratios,



Chapter 1 Introduction 10

9. Ease of encryption.

These features are listed in the order of their relative importance for
general telephony. In particular applications, however, certain
considerations may be more or less significant. Because of all these
advantages, and because recent advances in wideband communication
channels and solid-state electronics have allowed scientists to fully
realize these advantages, digital communications has grown quickly,
and is quickly edging out analogue communication due to the vast
demand to transmit computer data and the ability of digital
communications to do so. For instance, the last item, ease of
encryption, is a dominant feature favoring digital networks for the
military. Encryption, for example, is practical and generally useful only
if the secure form of the message is established at the source and
translated back into the clear form only at the destination. Thus an end-
to-end digital system that operates with no knowledge of the nature of
the traffic (i.e., provides transparent transmission) is a requirement for
digital encryption applications. For similar reasons end-to-end digital
transmission is needed for direct transmission of data (no modem).
When a network consists of a mixture of analogue and digital
equipment, universal use of the network for services such as data
transmission dictates conformance to the least common denominator of

the network: the analogue channel.
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1.2-1 Ease of Multiplexing

The multiplexing function involves nothing more than cyclically
sampling many data streams. Such an operation assumes all of the data
streams are synchronized to each other. The process of synchronizing
the data streams requires logic circuitry that is much more complex.
Digital techniques were first applied to general telephony in interoffice
T-carrier (TDM) systems. In essence, these systems traded electronics
costs at the ends of a transmission path for the cost of multiple pairs of
wires between them. Although FDM of analogue signals had also been
used to reduce cable costs, FDM equipment is much more expensive
than TDM equipment, even when the cost of digitization is included.
After voice signals have been digitized, TDM equipment costs are quite
small by comparison. Since digitization occurs only at the first level of
the TDM hierarchy, high-level digital TDM is even more economical
than high-level FDM counterpart. It should be pointed out that TDM of
analogue signals is also very simple and does not require digitization of
the sample values.

The drawback of analogue TDM lies in the vulnerability of narrow
analogue pulses to noise, distortion, crosstalk, and inter-symbol
interference. These degradations cannot be removed by regeneration as
in a digital system. Hence, analogue TDM is not feasible except for
noiseless, distortion -free environments (Analogue TDM has been used
in a few telephone applications that use pulse-width-modulated TDM,

and some older PBXs.) In essence the ability to regenerate a signal,
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even at the expense of greater band width, is almost a requirement for

TDM transmission.

1.2-2 Ease of Signaling

Control information (e.g., on-hook/off-hook, address digits) is
inherently digital and, hence, readily incorporated into a digital
transmission system. One means of incorporating control information
into a digital transmission link involves time division multiplexing the
control as a separate but easily identifiable control channel. Another
approach involves inserting special control codes into the message
channel and having digital logic in the receiving terminals decode that
control information. In either case, as far as the transmission system is
concerned, control information is indistinguishable from message
traffic.

In contrast, analogue transmission systems required special attention
for control signaling.

Many analogue transmission systems presented unique and sometimes
difficult environments for inserting control information. The control
formats depend on the nature of both the transmission system and its
terminal equipment. In some interfaces between network subsystems
control information had to be converted from one format to another.
Signaling on analogue links therefore represented a significant
administrative and financial burden to the operating telephone

companies.
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The move to common-channel signaling removed most of the signaling
costs associated with interoffice trunks but did not change the situation
for individual subscriber lines, which must carry signaling on the same
facility as the message channel.

The use of Digital Subscriber Lines (DSLs) reduces the signaling costs
relative to analogue subscriber lines, which helps offset the higher cost
of a DSL and a digital telephone. DSLs are a fundamental aspect of
ISDN.

In summary, digital systems allow control information to be inserted
into and extracted from a message stream independently of the nature
of the transmission medium (e.g., cable, fiber, microwave, satellite).
Thus the signaling equipment can (and should) be designed separately
from the transmission system. It then follows that control functions and
formats can be modified independently of the transmission subsystem.
Conversely, digital transmission systems can be upgraded without

impacting control functions at either end of the link.

1.2-3 Use of Modern Technology

A multiplexer or switching matrix for time division digital signals is
implemented with the same basic circuits used to build digital
computers: logic gates and memory. The basic cross point of a digital
switch is nothing more than an AND gate with one logic input assigned
to the message signal and other inputs used for control (cross point
selection). Thus the dramatic developments of digital integrated circuit

technology for computer logic circuits and memory are applicable
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directly to digital transmission and switching systems. In fact, many
standard circuits developed for use in computers are directly usable in
a switching matrix or multiplexer. Nevertheless, the implementation of
TDM is much less expensive than analogue FDM.

Even greater advantages of modern technology have been achieved by
using Large Scale Integrated (LSI) circuits designed specifically for
telecommunications functions such as voice encoding/decoding,
multiplexing/de-multiplexing, switching matrices, and special-purpose
and general-purpose Digital Signal Processing (DSP).

The relative low cost and high performance of digital circuits allows
digital implementations to be used in some applications that are
prohibitively expensive when implemented with comparable analogue
components. Completely non blocking switches, for example, are not
practical with conventional analogue implementations, except in small
sizes. In a modern digital switch the cost of the switching matrix itself
Is relatively insignificant. Thus, for medium-size applications, the size
of the switch matrix can be increased to provide non blocking
operations, if desired. The automatic call distributor developed by
Collins- Rockwell is an early example of a digital switch operating in
an analogue environment. A digital implementation was chosen largely
because it could economically provide a non blocking operation, and it
has an inherent functional advantage over analogue implementations.
This advantage is derived from the relative ease with which digital

signals can be multiplexed.
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The technological development to have the most significant impact on
the telephone network is certainly fiber optic transmission. Although
fibers themselves do not favor digital transmission over analogue
transmission, the interface electronics to a fiber system function
primarily in an on-off (nonlinear) mode of operation. Thus digital
transmission dominates fiber applications, although analogue optical

technology is commonly used in analogue video distribution.

1.2-4 Integration of Transmission and Switching

Traditionally the analogue transmission and switching systems of
telephone networks were designed and administered by functionally
independent organizations.

In the operating telephone companies, these two equipment classes are
referred to as outside plant and inside plant, respectively.

In fact, the first stages of digital switches generate first-level TDM
signals by nature, even when interfaced to analogue transmission links.
Thus the multiplexing operations of a transmission system can be
easily integrated into the switching equipment. The basic advantage of

integrating the two systems is shown in figure 1.4.
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Figure 1.4 Integration of transmission and switching:
(a) non-integrated transmission and switching,

(b) integrated time division switching and transmission

The de-multiplexing equipment (channel banks) at the switching
offices is unnecessary, and first-stage switching equipment is
eliminated. If both ends of the digital TDM trunks are integrated into a
digital switch, the channel banks at both ends of the trunk are
eliminated. In a totally integrated network voice signals are digitized at
or near the source and remain digitized until delivered to their
destination. Furthermore, all interoffice trunks and internal links of a
switching system carry TDM signals exclusively.

Thus first-level multiplexing and de-multiplexing are non-existent
except at the periphery of the network. Integration of transmission and
switching functions not only eliminates much equipment but also
greatly improves end-to-end voice quality. By eliminating multiple
A/D and D/A conversions and by using low-error-rate transmission
links, voice quality is determined only by the encoding / decoding

processes.
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In summary, the implementation benefits of a fully integrated digital
network are:

1. Long-distance voice quality is identical to local voice quality in all
aspects of noise, signal level, and distortion.

2. Since digital circuits are inherently four-wire, network-generated
echoes
are eliminated, and true full-duplex, four-wire digital circuits are
available.

3. Cable entrance requirements and mainframe distribution of wire
pairs is

greatly reduced because all trunks are implemented as sub channels
of

a TDM signal.

1.2-5 Signal Regeneration
As shown in figure 1.5, the transmission process of the binary data
despite the existence of certain imperfections, does not alter the

essential nature of the information.

"= e
Figure 1.5 signal regeneration in a digital repeater line
Of course, if the imperfections cause sufficient changes in the signal,
errors detection occur and the binary data in the receiver does not
represent the original data exactly.
A fundamental attribute of a digital system is that the probability of
errors transmission can be made arbitrarily small by inserting

regenerative repeaters at intermediate points in the transmission link. If
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spaced close enough together, these intermediate nodes detect and
regenerate the digital signals before channel-induced degradations
become large enough to cause decision errors. The end-to- end error
rate can be made arbitrarily small by inserting a sufficient number of
regeneration nodes in the transmission link.

The A/D conversion process inherently introduces possibility of error
that can be minimized by establishing enough discrete levels. Increased
resolution requires more bits and consequently more bandwidth for
transmission. Hence, a digital transmission system readily provides a

trade-off between transmission quality and bandwidth.

1.2-6 Performance Monitor ability

An additional benefit of the source-independent signal structure in

a digital transmission system is that the quality of the received signal
can be ascertained with no knowledge of the nature of the traffic.

The transmission link is designed to produce well-defined pulses with
discrete levels. Any deviation in the received signal, represents

a degradation in transmission quality.

In general, analogue systems cannot be monitored or tested for quality
while in service since the transmitted signal structure is unknown.
FDM signals typically include pilot signals to measure channel
continuity and power levels. The power level of a pilot is an effective
means of estimating the Signal-to-Noise Ratio, SNR-only in a fixed

noise environment.
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One common method of measuring the quality of a digital transmission
link is to add parity, or Cyclic Redundancy Check (CRC), bits to the
message stream. The redundancy introduced to the data stream enables
digital logic circuits in a receiver to readily ascertain channel error
rates. If the error rate exceeds some nominal value, the transmission

link is degraded.

1.2-7 Accommodation of other Services

Any digitally encoded message (whether inherently digital or converted
from analogue) presents a common signal format to the transmission
system. It accommodates control (signaling) information. In an
analogue network the transmission standard is the 4-kHz voice circuit.
All special service such as data or facsimile must be transformed "to
look like voice." In particular, data signals must be converted to an
analogue format through the use of modems.

The standard analogue channel was necessarily optimized for voice
quality. Use of an analogue network for non voice services often
requires special compensation for various analogue transmission
impairments. In contrast, the main parameter of quality in a digital
system is the error rate. Low-error-rate channels are readily obtainable.
When desired, the effects of channel errors can be effectively
eliminated with error control procedures implemented by the user.

An additional benefit of the common transmission format is that traffic
from different types of sources can be intermixed in a single

transmission medium without mutual interference. The use of
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a common transmission medium for analogue signals is sometimes
complicated because individual services require differing levels of
quality.

For example, television signals, which require greater transmission
quality than voice signals, were not usually combined with FDM voice

channels in a wideband analogue transmission system.

1.2-8 Operation at Low S/N,I Ratios

Noise and interference in an analogue voice network become most
apparent during speech pauses when the signal amplitude is low.
Relatively small amounts of noise occurring during a speech pause can
be quite annoying to a listener. The same levels of noise or interference
are virtually unnoticeable when speech is present. Hence it is the
absolute noise level of an idle channel that determines analogue speech
quality. Subjective evaluations of voice quality led to maximum noise
level standards of - 62 dBmO for short-haul systems and -56 dBmO for
long-haul systems.

For comparison, the power level of an active talker is typically

-16 dBmO. Thus representative end-to-end SNRs in analogue networks
are 46 and 40 dB for short- and long-haul systems, respectively. SNRs
on individual transmission systems are necessarily higher.

In a digital system speech pauses are encoded with a particular data
pattern and transmitted at the same power level as active speech.
Because signal regeneration virtually eliminates all noise arising in the

transmission medium, idle channel noise is determined by the encoding
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process and not the transmission link. Thus speech pauses do not
determine maximum noise levels as they do in an analogue system.
Digital transmission links provide virtually error-free performance at
SNRs of 15-25 dB, depending on the type of line coding or modulation
used. The ability of a digital transmission system to reject crosstalk is
sometimes more significant than its ability to operate in relatively high
levels of random noise. Low levels of crosstalk are eliminated by the
regeneration process in a digital repeater or receiver. Even if the
crosstalk is of sufficient amplitude to cause detection errors, the effects
appear as random noise and, as such, are unintelligible.

Considering the fact that a digital system typically needs a greater
bandwidth than a comparable analogue system and that wider
bandwidths imply greater crosstalk and noise levels, the ability to
operate at lower SNRs is partly a requirement of a digital system and

partly an advantage.

1.2-9 Ease of Encryption

Although most telephone users have little need for voice encryption,
the ease with which a digital bit stream can be scrambled and
unscrambled means that a digital network (or a digital cellular system)
provides an extra bonus for users with sensitive conversations. In
contrast, analogue voice is much more difficult to encrypt and is
generally not nearly as secure as digitally encrypted voice. Ease of
encryption stimulated early use of digital voice systems by the military.
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1.3- Digital Signal Processing

It is another significant application of digital technology. Basically,
signal processing refers to an operation on a signal to enhance or
transform its characteristics. Signal processing can be applied to either
analogue or digital waveforms. Amplification, equalization,
modulation, and filtering are common examples of signal processing
functions.

Digital Signal Processing (DSP) refers to the use of digital logic and
arithmetic circuits to implement signal processing functions on
digitized signal waveforms. Sometimes analogue signals are converted
to digital representations for the express purpose of processing them
digitally. Then the digital representations of the processed signals are
converted back to analogue. These operations are illustrated in figure
1.6, where

a sine wave corrupted by noise is digitally filtered to remove the noise.

Ol ag A

Anslog Anslog Digital
sl sl N e
digital processor anslog

Figure 1.6 Digital signal processing of an analogue signal

1.4 Disadvantages of Digital VVoice Networks
The basic technical disadvantages of digital implementations are;

1. Increased bandwidth,

2. Need for time synchronization,
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3. Topologically restricted multiplexing,
4. Need for conference/extension bridges,

5. Incompatibilities with analogue facilities.

1.3-1 Increased Bandwidth

The bandwidth expansion of digital voice comes when the
samples are encoded into binary codes and transmitted with an
individual pulse for each bit in the code. Thus a T, system requires
approximately eight times as much bandwidth as do 24 analogue voice
channel since each sample is represented by an 8-bit code word and
each bit is transmitted as a separate discrete pulse. Although more
sophisticated digitization algorithms can be used to encode voice at a
lower bit rate than that used on Tl systems (64 kbps), even the most
sophisticated algorithms cannot provide comparable voice quality
without at least a two-to-one bandwidth penalty. This bandwidth
penalty imposed by voice digitization is directly dependent on the form
of transmission coding or modulation used. With greater sophistication
in the modulation / demodulation equipment, greater efficiency in
terms of the bit rate in a given bandwidth is achievable. Basically,
greater transmission efficiency is achieved by increasing the number of
levels in the line code with limited transmit power. However, the
distances between discrete signal levels in the receiver are reduced
dramatically. Thus, the transmitted signal is no longer as immune to
noise and other imperfections as it is with lower information densities.

Using a combination of advanced digital modulation, lower rate
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digitization, and error-correcting codes, point-to-point digital radios
could provide voice channel efficiencies comparable to or even better
than analogue microwave systems.

Full development along these lines never occurred, however, because
the emergence of optical fibre transmission eliminated the incentive to

do so.

1.3-2 Need for Time Synchronization

Whenever digital information is transmitted from one place to
another, a timing reference, or “clock," is needed to control the transfer.
The clock specifies when to sample the incoming signal to decide
which data value was transmitted. The optimum sample times usually
correspond to the middle of the transmitted pulses. Thus, for optimum
detection, the sample clock must be synchronized to the pulse arrival
times. In general, the generation of a local timing reference for
detecting the digital signal is not difficult. More subtle problems arise,
however, when a number of digital transmission links and switches are
interconnected to form a network. Not only must the individual
elements of the network maintain internal synchronization, but also
certain network wide synchronization procedures must be established
before the individual subsystems can interoperate properly.
The need for some form of synchronization is not unique to digital
networks. Single side band FDM transmission systems present similar

requirements for carrier synchronization in analogue networks.
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In analogue systems, however, the synchronization requirements are

less critical by about two orders of magnitude.

1.3-3 Topologically Restricted Multiplexing

To the general public, the most apparent use of multiplexing is
broadcast services for radio and television. In these systems the
airspace is shared by using FDM of individual broadcast channels.
With this system there are no operational restrictions to the geographic
location of transmitters and receivers. As long as the transmitters
confine their emissions to their assigned bandwidth and each receiver
uses a sufficiently selective filter to pass only the desired channel, the
network operates without mutual interference. On the other hand, TDM
is not nearly as amenable to applications involving distributed sources
and destinations. Since the time of arrival of data in a time slot is
dependent on the distance of travel, distributed TDM systems require
a guard time between time slots. FDM systems also require guard
bands between the channels to achieve adequate channel separation.
The width of the FDM guard bands, however, is not dependent on the
geographic location of the transmitters. In a TDM system the guard
times must be increased as the geographic separation between
transmitters increases. Furthermore, each time division source must
duplicate the synchronization and time slot recognition logic needed to
operate a TDM system. For these reasons, TDM has been used

primarily in applications (e.g., interoffice trunks) where all of the
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information sources are centrally located and a single multiplexer
controls the occurrence and assignment of time slots.

TDMA satellites and cellular systems are examples of applications of
TDM for distributed sources. These systems use sophisticated
synchronization techniques so that each ground station or mobile unit
times its transmission to arrive at the satellite or base station at
precisely defined times, allowing the use of small guard times between
time slots. Notice that these applications involve only one destination;
a satellite or a base station. If an application involves multiple,
distributed sources and destinations (with transmission in more than
one direction), larger guard times are unavoidable. Figure 1.7 shows
such an application but uses FDM instead of TDM.

FDM subchannels

AVAVAVA

AW ViCN
e

Figure 1.7 FDM on distributed multipoint line

The main engineering consideration for this system is to ensure that the
FDM channels have sufficient isolation to allow a high-powered source
to be adjacent to a receiver with the worst-case receive level.
Obviously, adequate FDM isolation requires a certain amount of

bandwidth overhead, but it is usually fairly easy to design filters with
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adequate isolation for a large range of signal levels so distance

considerations are minimized.

1.3-4 Need for Conference/Extension Bridges

The process of combining multiple analogue signals to form
a conference call or function as multiple extensions on a single
telephone line can be accomplished by merely bridging the wire pairs
together to superimpose all signals. Nowhere is this more convenient
than when multiple extensions share a single two-wire line, as indicated
in figure 1.8. When digitized voice signals are combined to form
a conference either the signals must be converted to analogue so they
can be combined on two-wire analogue bridges or the digital signals

must be routed to a digital conference bridge, as shown in figure 1.9.

Figure 1.8 Analogue telephones connected to two-wire line

The digital bridge selectively adds the (four-wire) signals together
(using DSP) and routes separate sums back to the conferees as shown.
When conferencing is implemented in association with a switching
system, the need for a digital conference bridge is not much of

a disadvantage and in fact can significantly improve the quality of
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a conference by eliminating echoes and signal loss caused by power

division
A B C
B+ +D A4 C+D AeB+00
e
— D
BB S
Digital
Conference
Bridge

Figure 1.9 Use of conference bridge for digital telephones

However, when digital extensions need to have their signals combined
so multiple extensions can be active in a conversation, the need for

a centralized bridge can be an onerous problem. Residential telephone
wiring typically follows a daisy-chain pattern, as indicated in figure
1.8. Thus the need to rewire all outlets and install a centralized
conference box is a significant impediment to the deployment of digital

station equipment in residential areas.

1.3-5 Incompatibilities with Analogue Facilities

When digital equipment was first used in private and public
telephone networks, it necessarily provided standard analogue
interfaces to the rest of the network. Sometimes these interfaces
represented a major cost of the digital subsystem. The foremost
example of this situation arose in digital end offices. The standard
analogue subscriber loop interface is particularly incompatible with

electronic switching machines (analogue or digital). Another aspect of



Chapter 1 Introduction 29

digital switching that complicates its use in analogue environments is
the artificial delay inserted by a typical digital matrix. One way to
eliminate the problems with the analogue interface is to use digital
subscriber loops and digital telephones. Unfortunately, the
overwhelming investment in the loop plant for analogue telephones
complicates a wide spread deployment of digital subscriber equipment.
Most notable of the long-established practices that complicate a
transition to digital loops are single wire pairs, loading coils, bridged
taps, higher resistance (a bridged tap is an unused pair of wires
connected at some point to an in-use pair as another extension or for
possible future reassignment of a cable pair). Traditionally analogue
communication system are rapidly being replaced with more modern
digital modulation systems that offer several outstanding advantages
over traditional analogue systems such as ease of processing, ease of

multiplexing, and noise immunity.
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Chapter

Digital Pulse Modulation

When an analog message is conveyed over an analog

communication system, the full message is typically used at all times.
To transmit analog message signals, such as speech signals or video
signals, by digital means, the signal has to be converted into digital
form. This process is known as analog-to-digital conversion. The
sampling process is the first process performed in this conversion, and
it converts a continuous - time signal into a discrete-time signal or

a sequence of numbers. Digital transmission of analog signals is
possible by virtue of the sampling theorem, and the sampling operation
Is performed in accordance with the sampling theorem.

In this chapter, using the Fourier transform technique, we present this
remarkable sampling theorem and discuss the operation of sampling
and practical aspects of sampling.

To send the same analog signal over a digital communication system it
requires that only its samples be transmitted at periodic intervals.

Because the receiver can, therefore, receive only samples of the
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message, it must attempt to reconstruct exactly the original message at
all times from only its samples, even at times in between the samples.
At first glance it may seem astonishing that only samples of a message
and not the entire waveform can adequately describe all the
information in the signal.

So, the aim of pulse modulation is to transfer a narrow band analog
information, such as a phone call over a wideband low pass channel as
a two-level signal. It involves modulating a carrier that is a train of
regularly recurrent pulses using an analogue modulating wave. At the
receiving end, the original waveforms may be reconstituted from the
information regarding the samples, if these are taken frequently enough.
Pulse modulation may be subdivided broadly into two categories;
analogue and digital. In the former, pulse analogue modulation, a base
band information signal may modulate or vary one of the carrier pulses
parameters, while in the latter, a code which indicates the sample
amplitude to the nearest predetermined level is sent.

In pulse analogue modulation, the amplitude of a base band
information signal S(t) may modulate or vary; the pulse amplitude, to
produce a Pulse Amplitude Modulation (PAM); the Pulse Width
(duration), to give Pulse Width Modulation (PWM); the time delay
between pulses in a sequence, to give Pulse Position Modulation (PPM).
Pulse amplitude modulation may be an end in itself and can be used as
modulation schemes in their own right for analogue communication
systems allowing, for example, many separate information carrying

signals to share a single physical channel by interleaving the individual
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signal pulses. Such pulse interleaving is called Time Division
Multiplexing (TDM).

In pulse digital modulation, the samples of the PAM signal may be
quantized and coded to produce Pulse Code Modulation (PCM),
Differential Pulse Code Modulation (DPCM), Delta Modulation (DM),
or Adaptive Delta Modulation (ADM), ...etc.

2.1 Sampling Principles

In signal processing, sampling is the reduction of a continuous
(analogue) signal to a discrete signal to convert it to digital one.
A discrete signal is a signal that is not continuous in time. That is, it has
values only at disconnected points of the time axis. A common
example is the conversion of a sound wave (a continuous-time signal)
to a sequence of samples (a discrete-time signal).

A sample refers to a value or set of values at a point in time and / or

space. The sampling interval is the interval Ts where sampling is

performed by measuring the value of the continuous signal every Ts

seconds.
2.1-1 Sampling Theorem for low pass signals
The sampling theorem for low pass signals states that;
a band-limited signal S(t) of finite energy, having no spectral

components above fm Hz, can be completely represented in its samples

and recovered back if the sampling frequency is twice of the highest

frequency content of the signal. i.e.,
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fs >2fm
Figure 2.1 illustrates the Fourier transform S(f) of the band-limited

signal S(t) which is zero for f > fm, i.e.,

S(f)=0 for |f|> fr (2.1)
SO0
./\ i
_'fm -"rm

Figure 2.1 Representation of S(f)

A band-limited signal with maximum frequency fm specified by
equation (2.1) is often referred to as a low-pass signal.

A sampler which is sometimes referred to as a continuous-to-discrete
(C / D) converter, is a subsystem that extracts samples from a
continuous signal. A theoretical ideal sampler (a transistor working as a
switch) as shown in figure 2.2 multiplies a continuous signal S(t) which
is to be sampled with a Dirac comb (pulse train) P(t).

If the pulse train consists of narrow pulses, the output of the multiplier
Is a sampled version of the original waveform that depends on the

sample values of the input.
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Figure 2.2 Sampling process

2.1-2 Nyquist criteria

e
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A classical result in sampling systems was established in 1933 by

Harry Nyquist when he derived the minimum sampling frequency

required to extract all information in a continuous, time-varying

waveform. This minimum sampling frequency must be greater than

twice the highest frequency of the signal being sampled.
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This result-the Nyquist criterion-is defined by the relation;

fs > 2fn (=1N) (2.2)
where, fy is called the Nyquist frequency, of the sampling system.The

samples must be "close enough™ to each other to give all of the

information. The restriction is that the spacing Ts between samples be
less than 1/ 2 f. The upper limit of Ts,

1/(2 fm) is known as the Nyquist Sampling Interval.

For example, a voice signal with maximum frequency of 4 kHz must be
sampled at least 8000 times per second (which is the sampling rate

used by nearly all telephony systems) to comply with the conditions of
the sampling theorem. Note that the higher the frequency fm, the faster

the function varies, and the closer together the sample points should be
in order to permit function reconstruction. Since the multiplying pulse
train is assumed to be periodic, it can be expanded in a Fourier series.
The P(t) shown in figure 2.2 is an even function, so using the

trigonometric series;

Ss (1) = S(1) P(1)

Ss(t) = S(t) {ao +ian Cosn w, t}

=a, S(t) + i a,S(t)Cosnaw,t (2.3)
n=1
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The goal is to isolate the first term in the final expression (2.3), which
Is proportional to the original base band signal S(t). Each of the terms
in the summation of equation (2.3) is off the form of S(t) multiplied by
a sinusoid. When a time signal is multiplied by a sinusoid, the result is
a shift of all frequencies of the signal by an amount equal to the
frequency of the sinusoid. The frequency content of each term in

equation (2.3) is then centered around the frequency of the multiplying
sinusoid (the carrier frequency). The Fourier transform of Sg(t) is

sketched in figure 2.3.
S/

/N

Js i Y,

Figure 2.3 Fourier transform of natural sampled wave

The shape centered at the origin is the transform of aoS(t), and the

shifted versions represent the transforms of the various harmonic terms
are not overlapped, provided that fs > 2 fr,. These terms can be

separated from each other using linear filters, where the original signal

a,S(t) can be recovered from the sampled waveform Ss (t) by passing it

through a low-pass filter with a cutoff frequency fm

2.1-3 Aliasing phenomena
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The sampling theorem indicates that S(t) can be perfectly recovered
from its samples when fs > 2 fi,. If the sampling is attempted in the real
world, error results if the sampling rate is not high enough.

If sampling occurs at too slow rate, fs < 2 f,, (under sampling condition),

frequency components that did not exist in the original waveform will
be produced in the desired frequency band. The lower side band of the
sampling frequency fs overlaps (appears within) the base band and
thought to be part of it that is irretrievably corrupted, and the details of
the original analogue waveform is lost, so it can't possibly be recovered
intact. This overlap of the spectra is known as aliasing or fold over.
Aliasing problems are not confined to speech digitization process. The
potential for aliasing is present in any sample data system. Motion
picture taking, for example, is another sampling system that can
produce aliasing.

To avoid aliasing error as gracefully as possible in practice, the signal

Is sampled at a rate slightly higher than the Nyquist rate fy.

If fs > 2fm, then as shown in figures 2.3, there is a gap between the
upper limit f,, and the lower limit fs - fm of Sg(f). This range from fm to

fs - fm is called a guard band. As an example, speech transmitted via

telephone is generally band limited using a low-pass filter with a 3-dB
cutoff around fm, = 3.4 kHz. The Nyquist rate is, thus, 6.8 kHz. For

digital transmission, the speech is normally sampled at the rate

fs = 8 kHz. The guard band is then fs -2fn, = 1.2 kHz. The use of
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a sampling rate higher than the Nyquist rate also has the desirable
effect of making it somewnhat easier to design the low-pass
reconstruction filter so as to recover the original signal from the
sampled signal. Thus the sampled signal is sufficiently attenuated at the
overlap frequency of 4 k Hz to adequately reduce the energy level of

the fold over spectrum. Also, figure 2.4-a, illustrates a gap for filtering
of at least 0.2 fy = 0.4 fn.

Actually, sampling at the Nyquist frequency makes the two bands just
touch as shown in figure 2.4-b, so that whilst, theoretically, an ideal
filter could recover the base band, no such filter exists, of course.

As shown in figure 2.4-c, and figure 2.5 for a base band signal sampled
at only 1.6 fry (0.8 fn), there is aliasing error causes overlap area of
0.4 fm. The spectrum in figure 2.5-a indicates that the lower side
frequency of fs- fis at 0.6 fm (i.e., 1.6 fm - fm ).
The waveform indicates how samples of fn, fit fs - fm. Figure 2.5-b,
shows that the shorter wavelength sinusoid is the original f itself and
the samples are positioned at sampling intervals of Ts that is related to
the base band period, Tm, by;

fs=1/Ts=16fn=1.6/Tnm

therefore, Ts=Tm/1.6= § Tm

8
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Figure 2.4 The Nyquist criterion
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Figure 2.5 Waveform and spectra showing aliasing:
(@) spectrum of signal sampled below fs (at fs = 0.8 fy);
(b) waveform showing how samples of f, fit fs — fy also
(Ts=5/8 Tm, T(s-m)=5/3Tm)

A guantitative measure of the distortion introduced by aliasing can be
defined as the ratio of un-aliased to aliased power in the reconstructed
signal. For ideal reconstructed filter with rectangular amplitude
response then, in the absence of an anti-aliasing filter, the signal to
distortion ratio (SDR) is given by;

fs/2

[S(f)df
0

SDR = (2.4)

[S(f)df
fs/2
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where, S (f) is the two sided power spectral density of the base band
information signal S (t). More generally, using a filter with frequency
response H (f) for reconstruction then the integral limits are extended to

give;

SDR =~ IS(f)H(f)de (2.5)

- 2
[S(f—f)H(F) df
0

An approximation sign is used as the spectral replicas centered on 2 fs Hz

and above are assumed to be totally suppressed by |H (f)|.

So, unless the Nyquist criterion is met, it is impossible to recover the
original base band signal S(t) from the sampled signal Ss(t) by filtering.

Figure 2.6, illustrates another simple example of aliasing in the time
domain. A sinusoid at a frequency of 3 Hz is shown. Suppose we
sample this sinusoid at four samples per second. The sampling theorem
tells us that the minimum sampling rate for unique recovery is six
samples per second, so four samples per second is not fast enough. The
samples at the slower rate are indicated in the figure. But alas, these are
the same samples that would result from a sinusoid at 1 Hz, as shown
by the dashed curve. The 3 Hz signal is thus disguising itself (aliasing)
as a 1 Hz signal, or a 1 Hz sinusoid is folded back to fall in the 3 Hz

sinusoid band.
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1-Hz sinusoid 3-Hz sinusoid

\

Figure 2.6 Example of aliasing

2.1-4 Sampling Theorem in Frequency Domain

The sampling theorem in time-domain stated that, if the band
limited signal is sampled at the rate of fs > 2 f, in time domain, then it

can be fully recovered from its samples.
A dual to this time-domain sampling theorem, is the sampling theorem
in the frequency domain.

It states that, a time-limited signal S(t) which is zero for
|t| > |Ts|, specified by;
S(t)=0 for |t| > |T| (2.6)
can be represented and recovered fully from its samples of its
frequency spectrum, if the samples are taken at intervals less than 1/2Ts

Hz apart as shown in figure 2.7.
Then the Fourier transform S() is given by;
i SinTo (a)—na)s)
= S(na) ) 27
S(w) . ST, (a)—na)s) (2.7)

=—00
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gure 2.7 Sampling theorem in frequency domain
a- S(t) time limited to £ T/2,
b- Continuous spectrum of S(t),

c- Sampled spectrum Sg(f)
2.1-5 Sampling Theorem for Band pass signals
The Sampling Theorem for Band pass signals can be written as

follows;
The band pass signal S(t) whose maximum bandwidth is 2 fm can be

completely represented into and recovered from its samples if it is

sampled at the minimum rate of twice the bandwidth.
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Figure 2.8 shows the spectrum of band pass signal with BW = 2 fny,
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Figure 2.8 Spectrum of band pass signal with bandwidth 2 fm,

then the minimum sampling rate of the band pass signal should be 4 fm

sample per second.

When the signal is a discrete base band signal, it can be thought of as

a list of numbers representing the sample values of an analogue
waveform. One way to send such a list through a channel is to send

a pulse waveform-one pulse is placed at each sampling point. Each
pulse carries information about the corresponding sample values. Each
sample value can be conveyed as the amplitude, (PAM), width, (PWM),
or position, (PPM).

2.2 [8]Pulse Amplitude Modulation, PAM
Pulse-amplitude modulation, PAM is the simplest and most basic

form of analog pulse modulation, where sampling process is equivalent
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to amplitude modulation of a constant-amplitude pulse train. It is a
form of signal modulation where the message information is encoded
in the amplitude of a series of signal pulses. Hence the technique
represented in figure 2.9 is usually referred to as a PAM, because the
successive output intervals can be described as a sequence of pulses
with amplitudes change according to amplitude of the modulating

signal at the sampling instants.

PAM samples

Input signal ‘/_\
—— >
Pulse train D Qutput signal
Arnplatude

modulation

Low-pass
filter

Figure 2.9 Basic concepts of Pulse Amplitude Modulation

Figure 2.10, portrays the spectrum of the input signal and the resulting
spectrum of the PAM pulse train.
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Figure 2.10 Spectrum of PAM signal
The PAM spectrum can be derived by observing that a continuous train

of impulses has a frequency spectrum consisting of discrete terms at
multiples of the sampling frequency. The input signal amplitude
modulates these terms individually.

Thus a double-sideband spectrum is produced about each of the
discrete frequency terms in the spectrum of the pulse train. The original
signal waveform is recovered by a low-pass filter designed to remove
all the higher frequency AM components but the original signal

spectrum. As shown in figure 2.10, the reconstructive low-pass filter

must have a cutoff frequency that lies between f, and fs — fr. Hence,
separation is only possible if fs — f is greater than fr, (i.e., if
fs>2.2 f). So, practical filters with gradual roll-off in the filter stop

band characteristics can be used, otherwise fold over distortion occur.
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If the original signal has frequency components above one-half of the
sampling rate, this causes that the base band signal will be under-
sampled and the base band spectrum of S(t) can't be recovered exactly
even with an ideal rectangular low pass filter.

Also most input analog signals are filtered (band limited) with an anti-

aliasing filter (usually a low-pass filter with a cutoff frequency near the

frequency fs / 2) immediately before the sampling circuit as shown in

figure 2.11.
Anti-_aliasing R Sampler ,
S filter S(t) Ss(t)

TP(t)

Figure 2.11 Using anti-aliasing filter

Whilst this filter may remove high frequency energy from the
information signal the resulting distortion is generally less than that
introduced if the same energy is aliased to incorrect frequencies by the
sampling process.
Depending upon the shape of the pulse of PAM, there are mainly two
types of PAM;
i- Ideally, or instantaneously sampled PAM,
Ii- Practically sampled PAM, which divided into two types;

a- Naturally sampled PAM,

b- Flat-top sampled PAM,


http://en.wikipedia.org/wiki/Anti-aliasing
http://en.wikipedia.org/wiki/Anti-aliasing
http://en.wikipedia.org/wiki/Low-pass_filter
http://en.wikipedia.org/wiki/Anti-aliasing

Chapter 2 Digital Pulse Modulation 47

2.2-1 ldeal, Instantaneous, Impulse Sampled PAM
Ideal sampler shown in figure 2.12 is used to sample an analog

signal S(t) shown in figure 2.13-a, instantaneously at a uniform rate,
once every Ts sec.

The result of this sampling process, is an infinite sequence of samples

{S(nTs)}, where n takes on all possible integers.

S {50 . Sis()
N

I Ss(t)
\fs

S(t) Sis(t)

Figure 2.12 Mathematical model and functional diagram of the
instantaneous sampler
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Figure 2.13 Instantaneous sampling

Figure 2.13-e illustrates that Sjs(t) be obtained by multiplication of S(t)

by a periodic train of unit impulse functions Ss(t) with period Ts, that

IS;
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Sis(®) = S() 5,0 =) Ya(t-nT,)

N=—o0

= 2.8M)st-nT) = > S(nTy) s(t-nT) (2.8)

N=—o0 N=—0o0

Because the impulse train Sg(t) is a periodic signal of period T, it can

be expressed as a Fourier series. The trigonometric Fourier series is;

sé(t)=Ti[l+200$ms+2c032ms+20053ms+ ....... ]
S
Therefore,

Sis(t) = S(1) Sa(t)

= Tis [5(0)+25(t) cos ws + 25(t)cos 2ws+ 25(E)cos 3os+] (2.9)

The transform of the sampled waveform can be written as;

SN=—o0

Sis(f) = S() *S 5(1)= S(f)*[Ti ch(fnfs)]

1 + o0
Si(f) = = %S (f —nf) 2.10)

g N=—
The signal Sis(t) shown in figure 2.13-e is referred to as the ideal

sampled signal.

It is clear that the spectrum of the sampled waveform Sjs(f) consists of
an infinite number of scaled by 1/Ts and shifted copies (periodically

repeated every fs) of the spectrum of the original signal S(t).
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The original continuous signal S(t) can be completely recovered

(demodulated) from sampled signal Sjs(t) using a LPF with cut off

frequency fm for fs > 2 fr, as shown in figure 2.13-f.

The sampling process considered so far is known as ideal sampling
because it involves ideal impulse functions (assuming pulses with
duration T = zero). Obviously, ideal sampling is not practical. It is
theoretically only because it is not possible to have a pulse whose
width approaches zero.

Practical Sampling of an analog signal is performed by means of high-
speed switching circuits, and the sampling process takes the form of

natural sampling or flat-top sampling.

2.2-2 Naturally Sampled PAM
It is performed as the product of two signals; S(t) that forms the
input to a gating (sampler) circuit, and the gating control P(t) as shown

in figure 2.14. The tops of the pulses of the resulted natural sampled

signal Sns(t) follow the variations of the signal being sampled.
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Figure 2.14 Mathematical model and functional diagram of
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the natural sampler

Natural sampling of a band-limited signal S(t) is shown in figure 2.15.

The sampled signal Sps(t) can be expressed as;

Sns(t) = S(t) x P(t) (2.11)
where P(t) is the periodic train of rectangular pulses with fundamental
period Ts, and each rectangular pulse in P(t) has duration T and unit

amplitude.
Recall that the periodic pulse train P(t) can be expressed in a Fourier
series as follows:
o0 j[27rn f t]
P)= > C.e ST, (2.12)
n=—oo n
where C, is the Fourier coefficient, given by;

Cn= Tismc(g}f Inz/Ts (2.13)
S S
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Figure 2.15 Time and frequency domain illustration of natural
sampling PAM signal: a- signal S (t); b- signal spectrum;

c- sampling function; d- spectrum of sampling function;

e- sampled signal; f- spectrum of sampled PAM signal.

The Fourier transform of P(t) is;

P(0) = ZCn 5(a)—na)s) w, =27 1T, (2.14)

n =—oo

Thus the sampled waveform, sps(t) is;
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Sns(t) = S(t) OZO: Cn o j[Zﬂ'n fst]

Nn=—o

(2.15)

Then the Fourier transform of the naturally sampled wave Sps(t) is

found by periodically shifting and repeating the Fourier transform of

the original signal. It is given by;
o0 j(zﬁnf t]
Sns(f) = F[Sns(h] = > C_ F|S(t)e S
nNn=—oo

o0
= :Z_oocns(f “nt ) (2.16)
It is clear that the effect of the natural sampling is to multiply the nth
shifted spectrum s(f - nfs)by a constant Ch.

Similar to the ideal sampling case, equation (2.16) shows that the
natural sampled signal Sns(f) consists of an infinite number of copies of

S(f), which are periodically shifted in frequency every fs hertz.

However, here the copies of S(f ) are not uniformly weighted (scaled)
as in the ideal sampling case, but rather they are weighted by the

Fourier series coefficients of the pulse train. The spectrum of the
sampled waveform Sps(t) is shown in figure 2.15-e, where S(t) is again

a band limited waveform. It can be seen from figure 2.15-f that, despite

the above difference, the original signal S(t) can be equally well
reconstructed from Sps(t) using a LPF as long as the Nyquist criterion

Is satisfied. Finally, it should be noted that natural sampling can be
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considered to be a practical approximation of ideal sampling, where an
ideal impulse is approximated by a narrow rectangular pulse. With this
perspective, it is not surprising that when the width t of the pulse train
approaches zero, the spectrum in equation (2.16) converges to equation
(2.10).
To obtain the frequency components of a PAM waveform in order to
determine the channel requirements, assume the base band analog
signal is level shifted so that no part of it is negative to make all
samples positive, so;

S(t) = Em (1 + Cos omt) (2.17)
and the sampling function has constant amplitude spectrum with pulse

duration t, and sampling interval Ts such that;

T << Ts, SO;

.
P(t)=_|_— (1+2 Cos mst +2 Cos 2mst +2 Cos 3wt +...) (2.18)

S
The sampled function will be;

T
Vpam (1) = Em (1 + Cos omt ) — (1 + 2 Cos mst
T
S
+2 Cos 2mst + 2 Cos 3mst + ......... )

T
Veam(t) = —2— (1+Cos @mt+2C0s mst+2Cos mst Cos omt
S

+ 2 Cos 2wst + 2 Cos 2mst Cos omt + ... )
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T
Veam(t)= —2—[1 + Cos @mt + Cos (ws- ®m)t + 2 Cos mst
S

+ Cos (s + ®m) t + Cos (2ws - om) t + 2 Cos 2mst

+ Cos (20 + Om) t+ ........ ] (2.19)

which is a dc level plus the original base band plus a set of 100 %
amplitude modulation on the sampling frequency and its harmonics.

The spectrum of the sampled signal is shown in figure 2.16.

2.2-3 Flat-Top Sampled PAM
Flat-top sampling is the most popular sampling method. This

sampling process involves two simple operations:

I- Instantaneous sampling of the analog signal S(t) every Ts seconds.
Ii- Maintaining the value of each sample for a duration of t seconds.
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Figure 2.16 Spectra of sampled signals:
a- single frequency base band (fs = 3.2 fm = 1.6 fy);
b- band of signal frequencies ((0 - fmax) — fs = 3.2 fmax= 1.6 fy)

The mathematical model of these two operations are indicated in figure
2.17-a. In circuit technology, these two operations are referred to as
sample and hold as illustrated in figure 2.17-b that is used to generate a

flat-top sampled PAM waveform shown in figure 2.18-c.
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Figure 2.17-a Mathematical model of flat-top sampler
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Figure 2.17-b A practical sample-and-hold circuit

Figure 2.17-b illustrates that, the operational amplifiers are connected
as voltage followers with a gain of unity.
The output impedance of Aj is low enough for it to drive the required

charge into the capacitor. The N-channel JFET is switched on by
a pulse applied to the gate and the capacitor charges up to the value of

the input voltage. When the JFET switch is turned off, the high input
impedance of A2 drains minimal current from C.

Figure 2.18 illustrates a periodic pulse train P(t), a portion of a typical
analog signal S(t), and the result Sts (t) of controlling the pulse heights

with the sample values.
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Figure 2.18 Flat top Pulse Amplitude Modulation

Note that since the pulse tops are horizontal, the modulated waveform
Is not simply the product of the pulse train P(t) and the analog signal
S(t). It is called flat-top sampled PAM, as the pulse height depends
only upon the value of S(t) at the sampling point, and not on the signal
values across the range of the pulse width.

Note that in figure 2.17-a, a filter with impulse response h(t) is added at
the end to change impulse samples to pulse samples.

Again, we are interested in the spectrum of the flat-top sampled signal
Sts(t), which is related to the original signal S(t) through the following
expressions:

Using the ideal sampled signal Sjs(t) given by equation (2.8) Sts(t) can

be expressed as;
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Sts(t) = Sis(t)* h(t)

= [S(t) ia(t-nTs)}h(t)

= { 3's (nTS)5(t—nTs)}<h(t) (2.20)

n=-o

Using the convolution property of the Fourier transform, the Fourier

transform of S¢s (t) is determined as follows;

Sts(f)= F [s t) Za(tnTs)]F[h(t)]

N=—o0

- TiH(f) > s(f-nf ) (2.21)
S

N=—o
where H(f) is the Fourier transform of the rectangular pulse h(t), given
by H(f) = T sinc (fr) ¢ 7™,
Equations (2.20), and (2.21), imply that the spectrum of the signal
produced by flat-top sampling is essentially the spectrum of the signal
produced by ideal sampling shaped by H(f). Since H(f) has the form of
sinc function, each spectral component of the ideal sampled signal is
weighted differently, hence causing amplitude distortion. The primary
effect is an attenuation of high-frequency components. This effect is
known as the aperture effect.
As a consequence of this distortion caused by H(f), it is not possible to
reconstruct the original signal S(t) using a LPF, even when the Nyquist

criteria is satisfied.
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Demodulation of flat-top sampled PAM that is performed by detecting
the amplitude level of the carrier at every symbol period, Ts requires a
little more work. The aperture effect can be compensated by connecting
an equalizing filter with a frequency response Heq(f) = 1/H(f) in

cascaded with the low pass reconstructed filter, as shown in figure
2.19.
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Figure 2.19 Demodulation of flat-top PAM

Finally, it should be noted that for a duty cycle 1/Ts < 0.1, the
amplitude distortion due to H(f) is less than 0.5%. In this case,
equalization may not be necessary in practical applications.

We could use a sample and hold circuit to recover a staircase
approximation of the original waveform. The holding time is set equal
to the sampling period. The result is shown in figure 2.20 for

a representative S(t).
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Figure 2.20 Sample and hold for PAM demodulation

The resulting staircase function can be low pass filtered to get a smooth
approximation to the original waveform.

The design of the S&H circuit is best illustrated by the following
example.

Example 2.1, The S&H circuit shown in figure 2.17-b uses a JFET as
a series sampling gate. The voltage follower A2 takes a current of 500

nA. The JFET has a source-to-drain resistance of 25 Q when it is in the
on state and may be considered to be an open-circuit when it is in the
off state. The signal amplitude is 2.0V, the sample-time is 5 us and the
hold time is 500 ps. The capacitor has a value 0.4 uF. Calculate the
error in the output at the end of the hold time, assuming the signal
source has a negligible resistance.

Solution, When the sampling gate is closed, assume that the current

flowing into the capacitor i >> 550 nA (the leakage current taken by
Ao):
T=CRs=04x10%x25=10ps
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For an RC circuit,

Ve=Vs (1-e')

Whent=5yps,and Vs =2.0V, V¢ =1.987 V.
Chargeon Catt; =5 ps,
Q=Cxvc=0.4x10%x1.987 =0.795 uC

Charge lost by C in time t; = 500 ps,

AQ=I x At =500 x 10° x 500 x 10%=25x 101! C
Charge on C at time t,

Q- AQ =(0.795 x 10 - 25 x 10"11)=0.794 x 10 C,
Voltage across C at time tp,

= Q-AQ ~-1.986V
Cc

Vg2 =

Percentage error in the output is 1.4%.

Figure 2.21 demonstrates a fold over process occurring in speech if

a 5.5 kHz signal is sampled at an 8 kHz rate to produced PAM signal.
Notice that the sample values are identical to those obtained from

a 2.5 kHz input signal. Thus after the sampled signal passes through the
4 kHz output filter, a 2.5 kHz signal arises that did not come from the
source. This example illustrates that the input must be band limited,
before sampling, to remove frequency terms greater than fs/2, even if

these frequency terms are ignored (i.e., are inaudible) at the destination.
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Figure 2.21 Fold over of 5.5-kHz signal into a 2.5-kHz signal

Thus, a complete PAM system, as given in figure 2.22, must include

a band limiting filter before sampling to ensure that no spurious or
source-related signals get folded back into the desired signal bandwidth.
The input filter of a voice codec may also be designed to cut off very
low frequencies to remove 60-cycle hum from power lines.

Figure 2.22 shows the signal being recovered by a sample-and-hold
circuit that produces a staircase approximation to the sampled

waveform.
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Figure 2.22 End-to-end PAM system

By interleaving the samples from multiple sources, PAM systems can
be used to share a transmission facility in a TDM manner which is the
main (perhaps the only advantage of PAM). This is because a PAM
signal only occurs in slots of time, leaving the idle time for the
transmission of other PAM signals. However, this advantage comes at
the expense of a larger transmission bandwidth. PAM systems are not
generally useful over long distances owing to the vulnerability of the
individual pulses to noise, distortion, inter-symbol interference, and
crosstalk. Instead, for long-distance transmission the PAM samples are
converted into a digital format, thereby allowing the use of regenerative
repeaters to remove transmission imperfections before errors result.
Pulse-amplitude modulation is now rarely used, having been largely
superseded by Pulse Code Modulation, and, more recently, by pulse-

position modulation.
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In particular, all telephone modems faster than 300 bit/s use quadrature
amplitude modulation (QAM) that uses a two-dimensional
constellation.

It should be noted, however, that the widely popular Ethernet
communication standard is a good example of PAM usage. In
particular, 100 BASE-T2 (running at 100 Mb/s) Ethernet medium is
utilizing 5 level PAM running at 25 mega pulses / sec over two wire
pairs. A special technique is used to reduce inter-symbol interference
between the unshielded pairs. Later, 1000 BASE-T medium raised the
bar to use 4 pairs of wire running each at 125 mega pulses / sec to
achieve 1000 Mb/s data rates, still utilizing PAM-5 for each pair.
Several proposals were considered for wire-level modulation, including
PAM with 12 discrete levels (PAM-12), 10 levels (PAM-10), or 8
levels (PAM-8).

It should be noted that PAM transmission does not improve the
noise performance over base band modulation (which is the
transmission of the original continuous signal).

It is well known that in analog FM, bandwidth can be traded for noise
performance. PAM signals require a larger transmission bandwidth
without any improvement in noise performance. This suggests that
there should be better pulse modulations than PAM in terms of noise
performance. Two such forms of pulse modulation are; PWM and
PPM.

2.3 Pulse Code Modulation, PCM


http://en.wikipedia.org/wiki/Modem
http://en.wikipedia.org/wiki/Quadrature_amplitude_modulation
http://en.wikipedia.org/wiki/Quadrature_amplitude_modulation
http://en.wikipedia.org/wiki/Constellation_diagram
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Although PAM signal becomes discrete (in time) rather than
continuous but nevertheless remain analogue in nature since all pulse
amplitudes within a specified range are allowed. If a PAM signal is
guantized such that each analogue sample is adjusted in amplitude to
coincide with the nearest of a finite set of allowed amplitudes
(quantizing levels) as shown in figure 2.23, then the resulting signal is

no longer analogue but discrete.
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a- Analogue i/p signal,  b- Quantizer ch/s,  c¢- Quantized o/p signal

Figure 2.23 Quantization of a PAM signal
When the sampled values after quantizing, are encoded (represented by
the digital words corresponding to the quantizing level, into which the
sample value falls), as shown in figure 2.24, the resulting signal is no
longer discrete but digital.
For this purpose, we choose a set of (digital) values. It is customary to

choose the number of values that can be represented as power of 2, as
2" where n is an integer to represent each sample as binary numbers

using N binary digits (bits).
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Figure 2.24 Sampling, quantization and encoding process
The number of quantizing levels, M each level represented by n-bits, is;
M=2 (2.22)

The steps of the quantization procedure are:
Step 1. If not given, decide how many bits will be used for
quantization, for example n bits per sample.

Step 2. Divide the interval between the minimum and maximum signal

values Vss into 2" -1 small intervals, each step will be
q=Vfs/ (2"- 1) volts.
This is assuming that all steps are of equal size.

As an example, for Vfs = 7 volts, and the number of allowed

quantization levels were eight = 23, then the pulse amplitudes could be
represented by the binary numbers from zero (000) to seven (111)

using N = 3 bits to represent the binary value of each sample, but for
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N = 4 bits, we have 2% or 16 values for sample magnitude can be

represented by 4 bits with binary representation (0000) through (1111).
Quantized PAM signals is usually a precursor to generate Pulse Code
Modulation (PCM) which has some significant advantages over other
base band modulation types.

This is easy to see since the quantized PAM signal no longer exactly
represents the original, continuous analogue, signal but a distorted
version of it.

Figure 2.25 depicts a typical quantization process in which all sample
values falling in a particular quantization interval, are represented by

a single discrete value located at the center of the quantization interval,
so it is rounded off to send only discrete values.

In this manner the quantization process introduces a certain amount of

error €q or distortion into the signal samples.
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Figure 2.25 Quantization error
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This error, known as quantization noise, is minimized by establishing
a large number of small quantization intervals.

Of course, as the number of quantization intervals increases, so must
the number of bits increases to uniquely identify the quantization
intervals.

There are many different types of voice digitization algorithms.

The choice of a particular type is primarily dependent on the
implementation cost, the complexity, and the performance
requirements implied by the application data rate and quality.

The algorithm chosen for T1 system, (companded PCM) provides
excellent quality for all types of input signals (e.g., voice or data) at a
moderate data rate (64 kbps) at moderate cost.

The algorithms used in the first-generation DPBXs used lower cost
coding techniques (higher rate PCM or delta modulation) because, at
the time, a switching application was more sensitive to digital
conversion cost and less sensitive to quality or data rate, used un-
companded PCM at a data rate of 144 kbps because it was cheaper than
companded PCM at the time. Subsequent advantages derived from
integrating transmission and switching and a dramatic drop in the cost
of Tl-compatible digital voice coders have made obsolete the use of
"switching only" voice digitization algorithms. In fact, if the digital
network were to be designed today, a more complicated but
economically viable codec with a data rate significantly below 64 kbps
would probably be utilized.
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Transmissions applications with strict bandwidth limits such as high
frequency (HF) or digital cellular radio require much more
sophisticated voice digitization algorithms to achieve data rates on the
order of 8-16 kbps. As a help in reducing the data rate, the performance
requirements of these applications are also relaxed as much as the
application allows.

Many applications can use very low rate digitization algorithms with
significant quality reductions.

Voice digitization techniques can be broadly categorized into two
classes: those digitally encoded analog waveforms, (waveform coding)
as faithfully as possible and those processing waveforms to encode
only the perceptually significant aspects of speech and hearing
processes, (voice coding). The first category represents the general
problem of analog-to-digital and digital-to-analog conversions and is
not restricted to speech digitization.

Except in special cases, telephone equipment designed to transparently
reproduce an analog waveform used one of these techniques. Thus,
when studying these common waveform encoding techniques, we are,
in fact, studying the more general realm of analog-to-digital conversion.
The second category of speech digitization is concerned primarily with
producing very low data rate speech encoders and decoders for
narrowband transmission systems or digital storage devices with
limited capacity. A device from this special class of techniques is
commonly referred to as a "vocoder" (voice coder). Very low data rate

(e.g., 1200-bps) vocoder techniques generally produce unnatural or
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synthetic sounding speech. As such, low-data-rate vocoders do not
provide adequate quality for general telephony. A great deal of effort
has been expended to develop medium-rate (e.g., 8-kbps) voice coders
with natural speech qualities, primarily for digital cellular applications.
These coders are implemented as a combination or hybrid of the low-
bit-rate techniques and the waveform coders. Thus, these techniques
represent a third class of voice digitization algorithm.

PCM is an extension of PAM wherein after a PAM signal has been
guantized the possibility exits of transmitting not the sample itself but a
binary number indicating its height as binary digits known as a digital
code word. PCM is a standardized method that is used in the telephone
network to change an analog signal to a digital one for transmission
through the digital communication network. Figure 2.26 shows the
sequence of events before a speech signal is completely converted into

binary (digital) form.
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Figure 2.28 Conversion of analogue signal into a bit stream;
a- Analogue signal, b- Sampling process, c-Quantization process,
d- Encoding process.

Assuming the analogue speech signal has a bandwidth of B = 4 kHz,
the sampling theorem defines the minimum sampling rate of this signal
to be 2B = 8,000 bauds (samples per second) to preserve the

information content of the signal. Samples are taken at intervals (inter-
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sample time)of Ts = 1/ 2B =125 s, then each sample is quantized into

one of 256 levels and encoded into digital eight-bit words. Seven bits
represent the sample information plus 1 parity bit, then the overall data

rate of one PCM speech signal becomes;
Rp = fb = (fs sample/ sec) (n bits/sample)

Rp = 8,000 sample/sec x 8 bit/sample = 64 Kbps.

Because the signaling is binary, the baud rate measures the number of

transitions per sec, Rp/n equals the bit rate. The theoretically minimum
absolute band width of the PCM signal is;

Bmin = BNyquist = ¥2 Baud rate = 32 kHz

and this is realizable if the PCM waveform consists of (sin x) / x pulse
shapes. If rectangular pulse shaping is used, the absolute bandwidth is

infinity and the first null band width is, Bnun = Rp =1/ Tp = 64 k Hz.

This same data rate is available for data transmission through each
speech channel in the network. The frequency of voice signal that will
be transmitted is chosen to be 300 -to-3,400 Hz, leaving enough guard
band for filtering.

Broadcast-quality color television signals have an analog base band
bandwidth of somewhat less than 5 MHz. for conventional PCM

encoding of these video signals, a sampling rate of;
fs = 10 M sample/sec., and a 9-bit per sample coding scheme is used.

Thus the resulting transmission rate is 90 Mb/s. Most television

pictures have a large degree of correlation, which can be exploited to
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reduce the transmission rate, so digital broadcast-quality color
television signals requiring only 20 to 45 Mb/s transmission rates.

This results in the conversion of an analog signal into a string of binary
numbers. This binary data can be transmitted digitally using many of
the base band or pass band modulation schemes.

The quantization is performed using methods that minimize the
guantization error. Also, some signal levels are more sensitive to noise
than others. The lower signal levels, for example, are affected by noise
more heavily than the higher amplitudes.

Again, we can manipulate the quantization in such a way that finer
resolution (step size) can be used to represent lower signal amplitudes
so that it is easier to detect them at the receiving side.

Thus, as shown in figure 2.27-a, a PAM system can be converted into a
PCM system by adding an analog-to-digital (A/D) converter at the
source and a digital-to-analog (D/A) converter at the destination.
Figure 2.27-a -to- f shows the relationship between an information,
PAM, quantized PAM and PCM signal.
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(a) Continuous analogue signal

~ b- Continuous analogue signal

(b) Discrete analogue (PAM) RZ signal
C- Discrete analogue (PAM) RZ signal
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d- Discrete digital (quantized PAM) NRZ signal
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e-Binary coded (quantized) PAM

B 1

f- PCM NRZ signal

Figure 2.27 Relationship between PAM, quantized PAM and PCM signal
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Figure 2.27-c and d, also illustrates the difference between a pulsed
signal with duty cycle (t /Ts) less than 1.0 and a pulsed signal with duty

cycle equal to 1.0. The former are often referred to as return to zero
(RZ) signals and the latter as non-return to zero (NRZ) signals.

There is clearly a bandwidth penalty to pay for PCM, if information
IS to be transmitted in real time, since, in the given example, three/four
binary pulses are transmitted instead of one quantized PAM pulse. (The
penalty here is a factor of three /four since, for the same pulse duty
cycle, each PCM pulse must be one third/fourth the duration of the
PAM pulse. PCM signals have greater noise immunity than PAM
signals.

One of the measures needed by a voice communication engineer is
the quality of speech delivered to the listener. Measurements of speech
quality are complicated by subjective attributes of speech as perceived
by a typical listener.

One subjective aspect of noise or distortion on a speech signal involves
the frequency content, or spectrum, of the disturbance in conjunction
with the power level.

Successive quantization errors of a PCM encoder are generally
assumed to be distributed randomly and uncorrelated to each other.
Thus the commutative effect of quantization errors in a PCM system
can be treated as additive noise with a subjective effect that is similar to

band limited white noise.
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PCM and its variants, such as adaptive PCM (APCM) and adaptive
differential PCM (ADPCM) have been extensively used for voice
communications on digital links since the 1960s and continue to be

popular in today's multimedia networks.

2.3-1 Signal-to-Quantization noise Ratio (SNgR)

Quantization noise (error) is the difference between the actual value
of an analog sample and the assigned digital value due to quantization.
For example, if the analog value of a sample is in the range 4/16-5/16,
the assigned value is 9/32. For a sample whose value is 0.26 volts the
assigned value is 9/32 = 0.281. Thus, there is an error of 0.281- 0.26 =
0.021 volts due to quantization.

The signal-to-quantizing-noise ratio of a quantized signal can be

determined as;

SNGR = —1— S'0) S S —f (2.23)
T EDO-SOF T N, 2 |
q

where, E{} : expectation or averaging
S (t) : quantizer input signal (sample) power

y (t) : quantizer output signal decoded signal power

2.3-1.1 SNqR for Linear PCM

In determining the expected value of the quantization noise, it is
convenient to make the following assumptions;

1- Linear quantization (equal increments between quantization
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levels, i.e., all quantization intervals have equal lengths, Q
(uniform quantization), the quantization noise is uniformly
distributed and independent of the sample values).

2- Zero mean signal (symmetrical pdf about 0 v).

3- Uniform signal pdf (all signal levels (samples) are equally
Likely). Figure 2.28 shows that the quantized signal can be
decomposed into the sum of the analogue signal and the
difference between the quantized and the analogue signals.
The difference signal is essentially random and can therefore
be thought of as a special type of noise process. The RMS

value of this quantization noise can be calculated, this leads to

the concept of a Signal-to-Quantization noise Ratio, (SNgR).
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Figure 2.28 Quantization error interpreted as noise

4- The error Y(t) — S(t) is limited in amplitude to q / 2. (Decoded
output samples are ideally positioned at the middle of a quantization

interval.) The maximum quantization error is the half of the step

size ¢/2. For n-bit PCM, there are "1 steps.

Therefore, the step size g, is 1/2"-1 volts and the maximum

quantization error is half of that.

5- A sample value is equally likely to fall anywhere within
a quantization interval, implying a uniform probability density of
amplitude 1/ q.

6- Signal amplitudes are assumed to be confined to the maximum
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range of the coder. If a sample value exceeds the range of the
highest quantization interval, overload distortion (also called

peak limiting) occurs.

Example 2.2: For an 8-bit PCM system to be used to transmit an
analog signal with range between 0 and 6 volts and bandwidth of
4 kHz, we have the following parameters.
Voltage level range: 0 to 6 volt gives step size, q = 6/ (28-1)

= 6/255 volts.
Maximum quantization error = 1/2 x 6/255 = 6/510 volts. Maximum
signal size for mid-step resolution =6 - 6/510 = 6 x 509/510 volts.
Minimum sampling rate = 8000 bauds (symbol/sec)
Minimum bit rate (8 bits/symbol) = 8 x 8000 = 64 kbps
The above is a straightforward description of PCM. Actual systems are
much more complex due to certain features of the voice signal, such as
the information is carried more in one part of the signal spectrum than
the other.
The quantization levels of area 1/ M each are represented by its pdf
p(v), where M is the even number of quantization levels that is
assumed to be large enough, and the signal varies from sample to
sample.
The distance between adjacent quantizing levels is q v, with the pdf of
allowed levels given by:

P(V)= > (1/M)S(v—iq/2) (2.24)
i M
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where, i takes on odd values only. The mean square signal power after

guantization is:

V2= [o? P(v)do

=£|:Oj31)25(U—g)du+oj?l)25(0—3C|/2)dt)+....:|
M 0 2 0
2

:&(gj [12+32+52+ ...... +(M —1)2]

, F_i[ﬂjz[M(M —1)(M +1)J

' M\ 2 6
f'; N (2.25)
L2 = 12_ q? volt?

Denoting the quantization error (difference between the un-quantized
and quantized signals) as €q as showed in figure 2.28, with maximum

value q /2, then it follows from assumption 3 that the probability
density function, pdf of the quantizing error €q is uniform over the
range [- q /2, q /2] as shown in figure 2.29, with;

1/9, —q/2<g,<ql2
0, elsewhere

P (eq) = { (2.26)
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Figure 2.29 PDF of quantizing error

Denoting the quantizing error of the kth sample by €q[k], we have;
£, e 2.27
£q =Elg,[k]j= I/gq P(gq)deq =0 (2.27)
—q

So the quantizing error has zero mean. The variance (mean square

quantization error (noise)) of gq[K] is;

S q/2
2 2T 2
£q :E{gq _k]}: [ 5 P(e)de,
—-q/2
3].9
e |+—= 2
—1lla| 2=-9" 2 (2.28)
q3 (.9 1
B

using equation (2.25), then,

2

SNR=_ Y =Mm?-1 (2.29)
q%/12
v2
SNgR|dB = 10 log10
q®/12

=1Q8+20bmg(!] (2.30)
q
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For a sine wave input, the SNgR produced by uniform quantization is;

2
SNgR|dB = 10 log1o En /2
q?/12

= 7.78 + 20 logo (ﬂj (2.31)
q

where Em is the peak amplitude of the sine wave.

The average SNgR given by equation (2.29) is therefore given by:

SNgR = =M?-1 (2.32)

Q%I\JH <I\J‘

For large SNgR the approximation SNgR = M? is used.
Expressing in dB, SNgR =20 log M
Since the peak signal level is M q / 2 then the peak SNqR is:

2
(SNqR)peak :M:B M ? (2.33)

€q

Expressing in dB the (SNgR)peak is:
(SNgR)peak = 10 log (3 M?) = 10 log 3 + 20 log M

(SNgR)peak =4.8 + 20 log M

=48+6n dB (2.34)
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Example 2.3, A sine wave with a I-V minimum amplitude is to be
digitized with a minimum SNgR of 30 dB. How many uniformly

spaced quantization intervals are needed, and how many bits are
needed to encode each sample?
Using equation (2.31), the maximum size of a quantization interval is

determined as;

q=(1)1

Thus E/q = 1/qg = 13 quantizing intervals are needed for each polarity

0~ (30-7.78)120 _ g 170,

for a total of 26 intervals in all. The number of bits required to encode

each sample is determined as;
n =log2 (26) = 4.7 = 5 bits per sample

When measuring quantization noise power, the spectral content is often
weighted in the same manner as noise in an analog circuit.
Unfortunately, spectrally weighted noise measurements do not always
reflect the true perceptual quality of a voice encoder / decoder. If the
spectral distribution of the quantization noise more or less follows the
spectral content of the speech waveform, the noise is masked by the
speech and is much less noticeable than noise uncorrelated to the
speech. On the other hand, if the quantization process produces energy
at voice band frequencies other than those contained in particular
sounds, they are more noticeable.

Whilst it is true that PCM signals are more tolerant of noise than

the equivalent quantized PAM signals it is also true that both suffer the
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same degradation due to quantization noise. Uniform PCM system uses
a conventional analog-to-digital converter to generate the binary
sample codes. The number of bits required for each sample is
determined by the maximum acceptable noise power. Minimum

digitized voice quality requires a signal-to-noise ratio in excess of

26 dB. For a uniform PCM system to achieve a SNgR of 26 dB,
equation (2.31) indicates that Qmax = 0.123 Em. For equal positive and

negative signal excursions (encoding from - Em to Em), this result

indicates that just over 16 quantization intervals, or 4 bits per sample,
are required.

In addition to providing adequate quality for small signals, a telephone
system must be capable of transmitting a large range of signal
amplitudes, referred to as dynamic range. Dynamic range (DR) is
usually expressed in decibels as the ratio of the largest possible
amplitude signal to the smallest possible amplitude signal (other than

zero) that can be decoded by the D/A converter in the receiver:

DR =10 IOglO (Pmax / Pmin)
=20 |Og]_0 (Vmax / Vmin) (235)

Vmin is the quantum value (resolution)

Example 2.4; Consider a PCM system with the following parameters;
Maximum analog i/p frequency = 4 kHz

Maximum decoded voltage at the receiver = = 2.55v

Minimum dynamic range = 46 dB
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Determine; a- minimum sampling rate — b- minimum number of bits
used in the PCM code, c- resolution, d- quantization error.

Solution;

a- As fs > 2 fm, so the sampling rate will be;
fs=2x4 kHz =8 kHz
b-As DR =201log (Vmax/ Vmin)
46 dB =20 log (Vmax ! Vmin)
2.3 = log (Vmax/ Vmin)
DR =10%%= (Vmax / Vmin) = 199.5
The minimum number of bits is determined as;
2" - 1=DR=199.5, 50, n = 8 bits
because the input amplitude range is = 2.55, one additional bit, the
sign bit, is required. Therefore 9 bits are required and the total number
of PCM codes is 29 = 512 (there are 255 positive codes, and 255
negative codes, and 2 zero codes). The actual dynamic range is
calculated as;
DR | g8 =201log (2" - 1) =20 log (256 - 1) = 48.13 dB
c- The resolution is determined by dividing the maximum
positive or maximum negative voltage by the number of
positive or negative nonzero codes;
resolution = Vimax/ (2" - 1) =2.55/(28- 1)
=255/ (256 -1)=0.01V
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d- the maximum quantization error is;
€=q/2=0.01/2=0.005V

A typical minimum dynamic range is 30 dB. Thus signal values as
large as 3l times Em must be encoded without exceeding the range of

quantization intervals. Assuming equally spaced quantization intervals
for uniform coding, the total number of intervals is determined as 496,
which requires 9-bit code words, (This result is derived with the
assumption of minimum performance requirements). Higher
performance objectives (less quantization noise and greater dynamic
range) require as many as 13 bits per sample for uniform PCM systems.
This coding performance was established when it was likely that
multiple conversions would occur in an end-to-end connection. Now
that the possibility of multiple A/D and D/A conversions has been
eliminated, end-to-end voice quality is much better than it was in the
analog network).

The performance of an n-bit uniform PCM system is determined by

observing that;
q =2 Em-max / 2" (2.36)

where Em-max IS the maximum (non overloaded) amplitude.

Substituting equation (2.36) into equation (2.31) produces the PCM

performance equation for uniform coding;

SNgR = 1.78 + 6 n + 20 10910 (Em / E e ) (2.37)
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The first two terms of equation (2.37) provide the SNgR when

encoding a full-range sine wave. The last term indicates a loss in SNgR
when encoding a lower level signal. These relationships are presented
in figure 2.30, which shows the SNgR of a uniform PCM system as

a function of the number of bits per sample and the magnitude of an
input sine wave.

80~ MNumber of
bits/sample

Sagngl-to-quantizing noise ratio (dB)

i I I 1
e — 30 20 10

o

Em / Em-max
Figure 2.30 SNgR for uniform PCM coding

High-quality PCM encoders produce quantization noise that is evenly
distributed across voice frequencies and independent of the encoded
waveforms. Thus quantization noise ratios defined in equation (2.29)
are good measures of PCM performance.

Example 2.5, What is the minimum bit rate that a uniform PCM

encoder must provide to encode a high-fidelity audio signal with



Chapter 2 Digital Pulse Modulation 89

a dynamic range of 40 dB? Assume the fidelity requirements dictate
passage of a 20-kHz bandwidth with a minimum signal-to-noise ratio
of 50 dB. For simplicity, assume sinusoidal input signals.

To prevent fold over distortion, the sampling rate must be at least

40 kHz.

Assuming an excess sampling factor comparable to that used in D-type
channel banks (4000/3400), we choose a sampling rate of 48 kHz as

a compromise for a practical band limiting filter. By observing that
a full-amplitude signal is encoded with an SNgR of 40 + 50 = 90 dB,

we can use equation (2.37) to determine the number of bits n required
to encode each sample:
n=(90-1.78) /6 = 15 hit
Thus the required bit rate is;
(15 bit/sample) (48,000 sample/sec) = 720 k bit/ sec.

For a given number of quantization levels, M, the number of binary

digits required for each PCM code word is;

N =logz M. The PCM peak signal to quantization noise ratio, (SNgR)

peak IS therefore;
(SNgR)peak = 3 M?=3 (2n)2 (2.38)

If the ratio of peak to mean signal power, V?peak/ V?, is denoted by a

then, the average signal to quantization noise ratio is:

SNgR =3 (22") (1/ay) (2.39)
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Expressing in dB this becomes;
SNgR =4.8 + 6n - 0ldB (2.40)

For a sinusoidal signal o = 2 (3 dB), for speech oo = 10 dB. The SNgR

for an n-bit PCM voice system can therefore be estimated using the

rule of thumb 6 (n - 1) dB.

Example 2.6, A digital communications system is to carry a single
voice signal using linearly quantized PCM. What PCM bit rate will be
required if an ideal anti-aliasing filter with a cut-off frequency of

3.4 kHz is used at the transmitter and the signal to quantization noise
ratio is to be kept above 50 dB?

SNgR = 4.8 + 6n - Oldg

For voice signals o = 10dB, i.e.:
n=(50+10-4.8)/6 =9.2
10 bit / sample are therefore required. The sampling rate required as

given by Nyquist's rule is;
fs=2.2x 3.4 kHz = 7.4 kHz (k samples / sec.)
The PCM bit rate (or more strictly binary baud rate) is therefore:
Rp =fsn=7.48 x 108 x 10 bits / sec.
= 74.8 k bit /s.

2.3-1.2 SNgR for Decoded PCM

Figure 2.31 Shows the complete block diagram of PCM system.
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Figure 2.31 PCM system

If all PCM code words are received and decoded without error then the

SNR of the decoded signal is essentially equal to the signal to
quantization noise ratio, SNgR, as given in equations (2.29 - 2.33).

In the presence of channel and/or receiver noise, however, it is possible
that one or more symbols in a given code word will be changed
sufficiently in amplitude to be interpreted in error. For binary PCM this
involves a digital 1 being interpreted as a 0 or a digital 0 being
interpreted as a 1.The effect that such an error has on the SNR of the
decoded signal depends on which symbol is detected in error. The least

significant bit in a binary PCM word will introduce an error in the
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decoded signal equal to one quantization level. The most significant bit
would introduce an error of many quantization levels.

The following reasonably simple analysis gives a useful expression

for the SNR performance of a PCM system in the presence of noise.
We first assume that the probability of more than one error occurring
in a single n-bit PCM code word is negligible. We also assume that all

bits in the code word have the same probability of being detected in

error, (Pe). Using subscripts 1, 2, ....., n to denote the significance of

PCM code word bits (1 corresponding to the least significant, n
corresponding to the most significant) then the possible errors in the

decoded signal are:

€1 =4d

€2= 2

€3= 4q

.......... (2.41)
e€n = 2n-l q

2
The mean square decoding error, € 4q is the mean square of the

possible errors multiplied by the probability of an error occurring in

a code word, i.e.:

£5 =nPe(l/M@?+ (2q)%+ ... + (2"

)]

=Pe (q)? [4%+ 41+ 42+ 43+ ... + 40 (2.42)
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The square bracket is the sum of a geometric progression with the form:

(n-1) _ a(rn _l)

Sh=a+ar+ari+.. +ar (2.43)
r-1
where a=1 and r = 4. Thus:
2 2 . n ,
Ege=PeQ” (4°-1)/3 (volt?) (2.44)

Since the error or noise which results from incorrectly detected bits is
statistically independent of the noise which results from the

guantization process we can add them together on a power basis, i.e.:

UZ

2
Eq T Eqe

where V2 Is the received signal power. Using equation (2.25) for V2

and equation (2.44) for 858 and remembering that the number of
quantization levels M = 2" we have;

2
SNTR = M~ -1 (2.46)

1+4(M?-1)P,

Equation (2.46) allows us to calculate the average SNTR of the

decoded PCM signal including both quantization noise and the
decoding noise which occurs due to corruption of individual PCM bits

by channel or receiver noise. If we denote the channel SNTR using the

subscript in and the decoded PCM SNTR using the subscript out then
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for binary, polar NRZ signaling, using simple center point decisions,

we have:

2
M°-1 (2.47)

SNTRou=
1+4(M?=1)1/2erfc((1/2) SNR;,)*'2

The SNTRout in equation (2.47) is linear ratio (not dB values) and the
function erfc (x) is the complementary error function. Equation (2.47)

is sketched for various values of n = log2 M in figure 2.32.
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= ..r‘" Quantisation
2 - lirnived 4
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- 20 log 27
e
-
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1] 20 20} 60

Received SNE (dB}
Figure 2.32 Input / output SNR for PCM
The noise immunity advantage of PCM illustrated by this figure is clear.
The x-axis is the SNR of the received PCM signal. The y-axis is the
SNR of the reconstructed (decoded) information signal. If the SNR of
the received PCM signal is very large then the total noise is dominated

by the quantization process and the output SNR is limited to SNgR. In

practice, however, PCM systems are operated at lower input SNR
values near the knee or threshold of the curves in figure 2.32. The
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output SNR is then significantly greater than the input SNR. At very
low input SNR, when the noise is of comparable amplitude to the PCM
pulses, then the interpretation of code words starts to become unreliable.
Since even asingle error in a PCM code word can change its numerical
value by a large amount then the output SNR in this region (i.e. below

threshold) decreases very rapidly.
Example 2.7, Find the overall SNRoyt for the reconstructed analogue
voice signal in example (2.5) if receiver noise induces an error rate, on
average, of one in every 10° PCM bits.
Using equations (2.46), (2.32);

SN,R
1+4SN RP,

SNRout =

SNgR=4.8+6n-0dB =48+ (6 x10)-10

. SNgR =54.8dB (or 3.020 x 10°)

5
SNRo = 3.020x10
1+4(3.020 x10°%) (1x10~°)

=1.368 x 10°=51.4 dB
The SNR available with PCM systems increases with the square of the
number of quantization levels as given by equation (2.29) while the
baud rate, and equivalently the bandwidth, increases with the
logarithmic of the number of quantization levels which is clear in
example 2.3. Thus the bandwidth can be exchanged for SNR. Close to
threshold PCM is superior to all analogue forms of pulse modulation at
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low SNR. However, all practical PCM systems have a performance
which is an order of magnitude below their theoretical optimum.

As PCM signals contain no information in their pulse amplitude they
can be regenerated using non-linear processing at each repeater in

a long haul system.

Such digital regenerative repeaters allow accumulated noise to be
removed and essentially noiseless signals to be retransmitted to the
next repeater in each section of the link. The probability of error does
accumulate from hop to hop however.

We see a three way trade-off among energy, bandwidth, and processing
complexity. An increase in any one means the other two can be reduced,
more or less, for the same performance. A PCM digitizer, for example,
can be replaced by a more complex digitizer, which puts out fewer bits,
which consume less transmission bandwidth.

Transmission error may be driven down by more complex coding,
instead of more transmission energy. With modern coded modulation,
coding complexity can even be exchanged for bandwidth.

The cheapest of energy, bandwidth, and processing is now processor
complexity.

For the listener it would be a nuisance if he had to listen to a very low

volume signal corrupted by a relatively high quantization error (low
SNgR). To achieve the same SNqR for a small-amplitude signal as for

a large-amplitude signal, a quantizer with a non-uniform step size is

required. To achieve this non-uniform step-size quantization, given
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a uniform step-size quantizer, it is necessary to precede it with
a nonlinear input-output device known as a compandor. Note that the
compandor followed by the linear quantizer amplifies the low volume

signals more than the high-volume signals.

2.3-1.3 Companded PCM

The goal in the coder design is to get as good an average S/N as
possible when the sampling rate and the number of bits for each sample
are given.
Linear quantizing is not the optimum solution because the derived
expressions for SNyR assumed that the information signal has
uniformly quantized samples i.e., that all quantization levels are used
equally. At low signal levels the quantizing noise is high and the SNgR
Is very low. At high signal levels the quantizing noise is the same even
though we would tolerate a high noise level. We should define
quantizing levels in such a way that performance is acceptable over a
wide dynamic range of the voice. This requires that quantum levels are

not uniformly spaced and we call this non-uniform quantizing.

As indicated in equation (2.37) and figure 2.30, the SNgR increases
with the signal amplitude Em.
For example, a 26-dB SNgR for small signals and a 30-dB dynamic

range produces a 56-dB SNgR for a maximum amplitude signal. In this

manner a uniform PCM system provides unneeded quality for large
signals. Moreover, the large signals are the least likely to occur. For
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these reasons the code space in a uniform PCM system is very
inefficiently utilized.

One way to arrange to use the PCM system efficiently is to adapt non-
linear quantization or equivalently, companding. Non-linear
quantization is illustrated in figure 2.33-a.

Chaipui Chgtpel

ﬂplT Inpat

a- Non-linear quantization b- Linear quantization
Figure 2.33 Quantization characteristics

If the information signal pdf has small amplitude for a large fraction of
time and large amplitude for a small fraction of time (as is usually the
case) then the step between adjacent quantization levels is made small
for low levels and larger for higher levels, (the quantization intervals be
directly proportional to the sample value).

One way to understand the companding process is to think of
compressing the dynamic range of the analog signal first by
compressor circuitry prior to transmission, which amplifies low levels
more than higher levels as shown in figure 2.34-a. After this we may
use linear quantization, and the signal values after compression and
linear quantizing will actually be non-uniformly quantized. In the

decoder of the receiver, we use linear quantizing to reproduce the
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compressed sample values. Then we low pass filter the sample
sequence to reproduce the compressed analog signal. We then expand
this analog signal by amplifying low levels less than high levels to
cancel the distortion that was produced by the compressor in the

encoder as shown in figure 2.34-b.

st

;,f Compression

s

7 No comprossion

Inpit

Figure 2.34 Typical compression and expansion (compander)
characteristics

After linear decoding in the receiver, the noise level is the same at any
sample level. In expansion a low-level signal is reduced to its original
value and quantizing noise is attenuated. This makes the noise level
lower at low signal levels than at high signal levels and improves the
SNgR at low signal levels. This improvement of the average SNgR at
low analog signal levels is essential because noise is most disturbing at
low signal levels, and the quantizing noise does not disturb the listener
very much if the signal level is high as well.

Figure 2.35 shows a complete non-uniform quantizing system.
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Figure 2.35 Complete non-uniform gquantizing system
It is clear that coding performance is improved using non-uniform
quantization intervals. The SN4R will be maintained constant, as nearly
as possible for all signal levels. So, companding is a mean of
improving the dynamic range of a communication system, (match the
difference between men and women speech for example), such that
increasing the amount of compression, increases the dynamic range at
the expense of the S/N for high signal amplitudes.
With PCM, companding may be accomplished using analog or digital
techniques. Early PCM systems used analog companding, whereas
more modern systems use digital companding.
Analog Companding
Historically, analog compression was implemented using specially
designed diodes inserted in the analog signal path in a PCM transmitter
prior to the sample-and-hold circuit. Analog expansion was also
implemented with diodes that were placed just after the low pass filter
in the PCM receiver. The following figure 2.36 shows the basic process

of analog companding.
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Figure 2.36 PCM system with analog companding

In the transmitter, the dynamic range of the analog signal is
compressed, sampled and then converted to a linear PCM code. In the
receiver, the PCM code is converted to a PAM signal, filtered and then
expanded back to its original dynamic range. Different signal

distributions require different companding characteristics. For instance,
voice quality telephone signals require a relatively constant SNgR

performance over a wide dynamic range, which means that the
distortion must be proportional to signal amplitude for all input signal
levels. This requires a logarithmic compression ratio, which requires an
infinite dynamic range and an infinite number of PCM codes.

Of course, this is impossible to achieve.

When the quantization intervals are not uniform, a nonlinear

relationship exists between code words and the sample values that they
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represent. However, there are two main different nonlinear coding

schemes of analog companding currently being used that closely

approximate a logarithmic function and are often called log-PCM

codes. They have been standardized internationally for speech by the

International Telecommunication Union, ITU; and are known as A-law

which is used in European standard countries, and the p-law, which is

used in North America and Japan. Here are some key points about

these coding schemes:

1- Companding curves are based on the statistics of human voice and
many good solutions can be found.

2- These schemes provide quite the same quality, but they are not
compatible.

3- A conversion device, a trans-coder, is needed between countries

using different standards.

A-Law Companding
In Europe, the ITU-T has established A-law companding families
of compression characteristics (Rec. G. 732) that defines the
continuous curves given by the following formulas to be used to
approximate true logarithmic companding. The normalized A-law
compression characteristic curve is divided into linear and logarithmic

sections defined as;



Chapter 2 Digital Pulse Modulation 103

sg( { AX } forog\x\g%

1+In(A)

Fa(X) = 2.48-
e 1+In(AX) > (2459
sgN(X)| —— for—<\x\<l
\ 1+In(A) A )
or,
AVilVow
Vou=Vmax 14 np 05y =74
L+ (A, Vo),
1+InA A3y st (2.48-b)

where, Fa (X) is the normalized output signal from the compressor,

‘X‘ = V—'” is the normalized input signal to the compressor (Vmax is

max

the maximum uncompressed analog input amplitude, volts, Vin is the
amplitude of the input signal at a particular instant of time, volts),
while, Vout is the compressed output signal amplitude, volts, and

sgn (X) is the signum function (polarity (sign) of x) which is +1 for
x>0and-1for x<O0.

The SNgR is constant in the logarithmic section and directly

proportional to the signal value in the linear section.
The parameter A defines the curvature of the compression
characteristic with A =1 giving a linear law as shown in figure 2.37-a.

The commonly adapted value is a standard value of A = 87.6, which
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gives a 24 dB improvement in SNgR over linear PCM for small signals

(‘X‘ <1/ A) and a constant SNgR of 38 dB for large signals

(|x|>1/ A).

(Y

A o= | IKHEF
Rl

(N

Fixh

4

Figure 2.37-a A-law compression ch/s for several values of A

The dynamic range of the logarithmic (constant SNgR) region of this

characteristic is;

20 log1o [1/(1/A)]=39 dB. The overall effect is to allow 11 bit (2048
level) linear PCM, which would be required for adequate voice signal
quality, to be reduced to 8 bit (256 level) companded PCM. A 4 kHz
voice channel sampled at its Nyquist rate (8 kHz) therefore yields

a companded PCM bit rate of 64 k bit/sec.

The dashed line in figure 2.38 indicates that ITU-T/CCITT

recommendations define the continuous curves given by the preceding
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formulas but approximate them with a curve with linear segments for
easier implementation.

As an example of the performance of a nonlinear coding scheme, figure
2.38 represents the SNgR dependence on the signal level for A-law
companding. The signal level may vary within the range of 40 dB
while SNgR remains nearly unchanged. However, when signal level is
high, linear quantizing would give better performance, as the “without
companding” dashed line shows.

We see from figure 2.38 that at low levels the SNgR of A-law
companding is more than 20 dB better than linear coding. The curve
gives this performance when the signal is a sine wave and the ripple of
the curve is a consequence of the approximation of the compression

curve with linear segments.

=
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Figure 2.38 Companding performance

The inverse or expansion characteristic is defined as;
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1+1
. A 1+In(A)
FoA) = 9 e\y\[1+|n(A)]—1 1 (249
. <ly <1
(Y —— Lrn(A) S Y]

J

where, y = FA(X)

n-law Companding
It is the family of compression characteristics (Rec. G.733) used in

North America and Japan, which is defined as follows:

In L+ 24X
IN(L+ z)

Vo NtV V)
Vout = |n(1_|_ ,U) 0< V—'" <1 (2.50-b)

max

Fu (X) =sgn (x) . 0< ‘X‘ <1 (2.50-a)

where, Fy (X) represents the normalized output signal from the
compressor, while, other parameters are as described with A-low
companding.

The companding parameter p is used to define the amount of
compression. It is a dimensionless constant with standard value of 255.
Figure 2.39-a shows the compression curves for several values of p that

determines the range of signal power in which the SNqR is relatively

constant. Note that the higher the p, the more compression.
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Relative output amplitude

Relative input amplitude

Figure 2.39-a pu-law compression characteristics

Voice transmission requires a minimum dynamic range of 40 dB and
a seven-bit PCM code. For a relatively constant SNg4R and a 40-dB
dynamic range, a u > 100 1s required. The early Bell system PCM

systems used a seven-bit code with a p = 100. However, the most
recent PCM systems use an eight-bit code and a p = 255.

Example 2.7, for a compressor with p = 255, determine;

a- The voltage gain for the following relative values of Vin:

Vmax, 075 Vmax, 05 Vmax, and 025 Vmax.

b- The compressed output voltage for a maximum input voltage of
4V.

c- Input and output dynamic ranges and compression.

Solution; a- Substituting into equation 2.50-b, the following voltage

gains are achieved for the given input amplitudes:
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Vin Compressed Voltage Gain
Vmax 1.00
0.75 Vmax 1.26
0.5 Vmax 1.75
0.25 Vmax 3.00

b- Using the compressed voltage gains determined in step (a), the

output voltage is simply the input voltage times the compression gain:

Vin Voltage Gain Vout

Vmax =4V 1.00 4.00
0.75Vmax =3V 1.26 3.78
0.50 Vmax =2V 1.75 3.50
0.25Vmax =1V 3.00 3.00

c- Dynamic range is calculated by substituting into equation (2.35):
input dynamic range = 20 log 4/1 =12 dB
output dynamic range = 20 log 4/3=2.5dB
compression = input dynamic range - output dynamic range
=12dB-25dB=95dB
To restore the signals to their original proportions in the receiver, the
compressed voltages are expanded by passing them through an
amplifier with gain characteristics that are the complement of those in
the compressor. For the values given in the example, the voltage gains

in the receiver are as follows:
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Vin Expanded Voltage Gain
Vmax 1.00
0.75 Vmax 0.79
0.5 Vmax 0.57
0.25 Vmax 0.33

The overall circuit gain is simply the product of the compression and
expansion factors which equals one for all input voltage levels. For the

values given in the example;

Vin Overall Circuit Gain
Vmax 1x1=1
0.75 Vmax 1.26 x0.79= 1
0.5 Vmax 1.75x0.57= 1
0.25 Vimax 3.00x0.33=1

The inverse or expansion characteristic for a u-law compandor is

defined as;

1 1
Fu (y)=sgn (y) (;) [+ - 1] (2.51)

where y = the compressed value, = Fp (X) (—1<y <1)

sgn (y) = polarity of y
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Digital Companding

Digital Companding involves digital compression in the transmitter
such as; after the analog input signal is first sampled and converted to
a linear PCM code and then the linear code is digitally compressed.
In the receiver the compressed PCM code expanded prior to PCM
decoding (converted back to analog). Figure 2.40 shows the block
diagram for a digitally companded PCM system.
The most recent digitally compressed PCM systems use a 12-bit linear

PCM code and an eight-bit compressed PCM code.

Linear Compressed

J‘-Lh parallel parallel Compressed
PCM PCM selial
PAM * * PCM
i Ba:dn:m 3V o Analog-to- Digial —»| Parallel-to- ‘
. —_— > droaii digital > »| serial
input /_\ hold circuit converter |—— COMPTESSO | Prisise 9
PCM transmitter
Transmission
MR =
PAM
] -
i Bandpess | V| poig DigitaHo- |<—]| pigital | <] Serialto-
v ou:poug ~— = | circuit analog | <—1 expander |—oy paralel
/\ converter |- <—{ converter
PCM receiver t
Linear Compressed
parallel parallel
PCM PCM

Figure 2.40 Digitally companded PCM system

The compression and expansion curves closely resemble the analog
H-law curves with a p = 255 by approximating the curve with a set of
eight straight-line segments (segments 0 through 7) for the positive half
of the analog signal. The slope of each successive segment is exactly

one-half that of the previous segment.
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Notice that the first portion of the A-law characteristic given by
equation (2.48) is linear by definition. The remaining portion of the
characteristic (I/A <1x1 < 1) can be closely approximated by linear
segments for easier implementation. In all, there are eight positive and
eight negative segments, 16-segments in all. The first two segments of
each polarity (four segments in all near the origin) are co-linear and
therefore are sometimes considered as one straight-line segment. The
A-law characteristic is normally implemented as a 13-segment
piecewise linear approximation to equation (2.48) as illustrated in
figure 2.37-b.

.0

b=

'

Co-linear

1

1
E 4 2
Figure 2.37-b 13-segment compression A-law realized by piecewise
linear approximation.

Thus the segmented approximation of the A-law characteristic is
sometimes referred to as a "13-segment approximation."
Figure 2.39-b shows the 12-bit-to-8-bit digital compression curve for

positive values only.
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Segment +7 64:1 compression ratio
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Segment+1 1:1 no compression
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Relative input amplitude

Figure 2.39-b u255 compression characteristics (positive values only).

The curve for negative values is identical except the inverse. Although
there are 16 segments (eight positive and eight negative), this scheme is
often called 13-segment compression because the curve of segments
+0, +1, -0, and -1 is a straight line with a constant slope and is
considered as one segment. The performance of a p-law approximation

Is presented in figure 2.39-c.
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Figure 2.39-¢c SNgR of p-law coding with sine wave inputs.
Figure 2.41 displays the theoretical performance of the A-law

approximation that compares it to the performance of a p-law

approximation.
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Figure 2.41 SNgR of A-law PCM coding with sine wave inputs
For an intended dynamic range, the u-law compander tends to give
slightly improved SNgR for voice signals when compared with the

A-law but it has a slightly smaller dynamic range. In practice, like the
A-law, the pu-law is usually implemented as a piecewise linear
approximation.

A- and p-law 64 k bit / sec companded PCM have been adapted by
ITU-T as international toll quality standards (recommendation G.711)
for digital coding of voice frequency signals. The sampling rate is

8 k Hz and the encoding law uses 8 binary digits per sample.
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For communication between countries using different companding laws
(one using A- and one using p-) conversion from one to the other is the

responsibility of the country using the p-law.

2.3-2 Channel Bandwidth Requirements for Digital Transmission
Among other things, the above example highlights the relation
between digital transmission and the required channel bandwidth.
For analog transmission of a B Hz signal, the channel bandwidth must
be greater than or equal to B Hz. However, if the signal is digitized
using k bits per sample, then the channel must be able to sustain a bit
rate of 2xkxB or higher. For most of the binary modulation schemes
discussed, this translates approximately to kxB Hz of channel
bandwidth, thus requiring k times as much bandwidth as the analog
transmission. This is the cost of digital transmission.
In communications via cables, this requirement is easily met these days
by advancements in optical fiber manufacturing. In wireless
communications, however, low bit rate digital schemes are sought after
because the bandwidth is always at a premium.
Modulation schemes are investigated with high bandwidth efficiency.
The bandwidth efficiency may be defined as the number of bits carried
per Hz of the channel bandwidth. Combinations of MPSK and ASK

usually provide good solutions for such systems.

2.3-3 Tradeoff between Channel Bandwidth and SNgR

Consider a sinusoidal modulating message signal of bandwidth
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W Hz that requires a minimum sampling rate of 2W sample per second,

with each sample represented by an n-bits code word. The bit duration

time Tp has a maximum value of;
Ts=1/fs=1/2W =nTp,
So, Th=1/2nW (2.52)

The channel bandwidth B required to transmit a pulse of this duration

Is given by; B=2nW
Using equations (2.28, 2.29), for SNgR using sinusoidal modulating
signal with amplitude Em. The quantizer step size will be;

q=2Em/M
The average quantizing noise power is;

Ng=02/12 = (2 En/M)?/ 12 = Em2 / 3 M?
Thus SNgR of the PCM will be;  SNgR =3 M?/2
So, SNgR increases with M2,

SNgR|dB= 10 log10 SNgR = 1.8 + 20 log10 M
Then SNgR increases logarithmly with M.
asM = 2n , SO;

SNgR=3(2")2/2=3x4"/2 =(3/2)2BW (2.53)
q
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This relation indicates that the PCM system is capable of improving

SNgR exponentially with bandwidth expansion ratio B/W.

2.4 Differential PCM, DPCM

In conventional PCM, there are often successive samples taken in
which there is little difference between the amplitudes of the two
samples. This necessitates transmitting several identical PCM codes,
which is redundant. Differential Pulse Code Modulation (DPCM) is
designed specifically to take advantage of the sample-to-sample
redundancies in a typical speech waveform.
With DPCM the difference in the amplitude of two successive samples
Is transmitted rather than the actual sample. Thus the band limiting
filter in the encoder and the smoothing filter in the decoder are
basically identical to those used in conventional PCM systems.

The DPCM structure shown in figure 2.49 is more complicated.
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Since the range of sample differences is less than the range of
individual samples, fewer bits are needed to encode difference samples
and thus lower the transmission rate. The sampling rate is often the
same as for a comparable PCM system. Thus the band limiting filter in
the encoder and the smoothing filter in the decoder are basically
identical to those used in conventional PCM systems.

The DPCM structure shown in figure 2.42 is more complicated. The
band limiting filter is used to limit the analog input signal frequency to
one-half the sampling rate. A conceptual means of generating the
difference samples for a DPCM coder is to store the previous input
sample directly in a sample-and-hold circuit and use an analog
differentiator (subtractor) to measure the change. The change in the
signal is then quantized and encoded for transmission. However,
because the previous input value is reconstructed by a feed back loop
that integrates the encoded sample differences. In essence the feedback
signal is an estimate of the input signal as obtained by integrating the
encoded sample differences.

Thus the feedback signal is obtained in the same manner used to

reconstruct the waveform in the decoder.
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Figure 2.42 Functional block diagram of DPCM

The advantage of the feed back implementation is that quantization
errors do not accumulate indefinitely. If the feed back signal drifts from
the input signal, as a result of an accumulation of quantization errors,
the next encoding of the difference signal automatically compensates
for the drift. In a system without feed back the output produced by

a decoder at the other end of the connection might accumulate
quantization errors without bound.

As in PCM systems the analog-to-digital conversion process can be
uniform or companded. Some DPCM systems also use adaptive
techniques (syllabic companding) to adjust the quantization step size in
accordance with the average power level of the signal.

Example 2.6, speech digitization techniques are sometimes measured
for quality by use of an 800-Hz sine wave as a representative test

signal. Assuming a uniform PCM system is available to encode the sine
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wave across a given dynamic range. Determine how many bits per
sample can be saved by using a uniform DPCM system.

A basic solution can be obtained by determining how much smaller the
dynamic range of the difference signal is in comparison to the dynamic
range of the signal amplitude. Assume the maximum amplitude of the

sine wave is A, so that;
X(@{®)=ASin(2m.800t)
The maximum amplitude of the difference signal can be obtained by

differentiating and multiplying by the time interval between samples:

% — A(2 ) (800) Cos (2 7 800t)

1
A (t) |[max = A(277) (800) (so05)=0-628 A

The saving in bits per sample can be determined as;

Log2 (1/0.628) = 0.67 bits
Example 2.6 demonstrates that a DPCM system can use 2/3 bit per
sample less than a PCM system with the same quality. Typically
DPCM systems provide a full I-bit reduction in code word size. The
larger savings is achieved because on average speech waveforms have
a lower slope than an 800-Hz tone.
Figure 2.43 shows a simplified block diagram of a DPCM transmitter.
The analog input signal is band limited to one-half the sample rate, then

compared with the preceding accumulated signal level in the
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differentiator. The output of the differentiation is the difference
between the two signals. The difference is PCM encoded and
transmitted. The ADC operates the same as in a conventional PCM
system, except that it typically uses fewer bits per sample.
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Figure 2.43 a simplified block diagram of a DPCM transmitter

Figure 2.44 shows a simplified block diagram of a DPCM receiver.

Each received sample is converted back to analog, stored, and then

summed with the next sample received.

In the receiver shown in figure 2.44, the integration is performed on the

analog signals, although it could also be performed digitally.
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Figure 2.44 a simplified block diagram of a DPCM receiver

2.4-1 DPCM Implementations

Differential PCM encoders and decoders can be implemented in

a variety of ways depending on how the signal processing functions are

partitioned between analog and digital circuitry. At one extreme the

differencing and integration functions can be implemented with analog

circuitry, while at the other extreme all signal processing can be
implemented digitally using conventional PCM samples as input.
Figure 2.45 shows block diagrams of the two extremes of DPCM

implementation with differing amounts of digital signal processing.

Figure 2.45-a depicts a system using analog differencing and

integration. Analog-to- Digital conversion is performed on the

difference signal, and D/A conversion for the feed back loop is
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immediately performed on the limited-range difference code. Analog
summation and storage in a sample-and-hold (S/H) circuit is used to
provide integration. Notice that these D/A converters convert a limited
difference signal. Figure 2.45-b shows a system where all signal
processing is performed by digital logic circuits. The A/D converter
produces full-amplitude-range sample codes which are compared to
digitally generated approximations of the previous amplitude code.
Notice that the A/D converter in this case must encode the entire
dynamic range of the input where as the A/D converter in the other

version operates on only the difference signals.

Figure 2.45 DPCM implementations: (a) analog integration;
(b) digital differencing
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Due to the availability of digital signal processing components some of
which contain internal A/D converters digital processing as shown in
figure 2.45-b is generally the most effective means of implementing

a DPCM algorithm.

In fact, most DPCM applications involve processing speech signals that
have already been digitized into analog processing as an aid in
processing log-PCM signals some DSP components provide internal
u-law and A-law conversion functions. The decoders in the two
implementations shown in figure 2.50 are exactly like the feed back
implementations in the corresponding encoder. This reinforces the fact
that the feed back loop generates an approximation of the input signal
(delayed by one sample).

If no channel errors occur, the decoder output (before filtering) is
identical to the feedback signal. Thus the closer the feedback signal
matches the input, the closer the decoder output matches the encoder

input.

2.4-2 Higher Order Prediction

DPCM encoder is considered as a special case of a linear predictor
with encoding and transmission of the prediction error. The feed back
signal of a DPCM system represents first-order prediction of the next
sample value, and the sample difference is a prediction error. Under this
view point the DPCM concept can be extended to incorporate more
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than one past sample value into the prediction circuitry.

Thus the additional redundancy available from all previous samples can
be weighted and summed to produce a better estimate of the next input
sample. With a better estimate the range of the prediction error
decreases to allow encoding with fewer bits. For systems with constant
predictor coefficients, results have shown that most of the realizable
Improvement occurs when using only the last three sample values, as
shown in figure 2.46. For conceptual purposes this implementation
shows analog differencing and integration as in figure 2.45-a.The most
effective implementations use digital memory, multiplication, and
addition in a DSP component in lieu of the analog processing shown,
particularly because most applications involve already digitized (PCM)

signals.

—
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Figure 2.46 Extension of DPCM to third-order prediction.
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As mentioned in section 2.4, analysis of differential PCM systems with
first-order predication typically provides a 1-bit-per-sample reduction
in code length relative to PCM systems with equivalent performance.
Extended DPCM systems utilizing third order prediction can provide
reductions of 2 bits per sample. Thus a standard DPCM system can
provide 64-kbps PCM quality at 56 kbps, and third-order linear
Prediction can provide comparable quality at 48 kbps. However, some
subjective evaluation have indicated that somewhat higher bit rates are
needed to match 64-kbps PCM quality.

2.4-3 Adaptive Differential PCM, ADPCM

Relatively straight forward implementation of DPCM can provide
savings of 1.5 - 2 bits per sample with respect to standard PCM
encoding. Even greater savings can be achieved by adding adaptation
logic to the basic DPCM algorithm to create what is referred to as
adaptive differential PCM (ADPCM).
Many forms of ADPCM have been investigated and used in various
applications. Two of the most prevalent applications are voice
messaging and DCM equipment for increasing the number of voice
channels on a Tl line. With respect to the latter application, ITU-T has
established a 32-kbps ADPCM standard (Recommendation G.721).
This algorithm has been extensively tested and characterized to not

significantly degrade toll quality voice circuits when inserted into the



Chapter 2 Digital Pulse Modulation 127

internal portions of the network. Design considerations of the standard

are:

1. Multiple tandem encoding and decoding between both PCM and
analog interfaces.

2. End-to-end signal quality for voice, voice band data, and facsimile

3. Effects of random and bursty channel errors

4. Performance on analog signals degraded by loss, noise, amplitude
distortion, phase distortion, and harmonic distortion

5. Easy trans-coding with p-law and A-law PCM

The 32-kbps rate implies a 2 : 1 savings in channel bandwidth with

respect to standard PCM. A significant impairment introduced by

implementations of the ADPCM standard is the corruption of modem

signals carrying data rates greater than 4800 bps. Voice band data at

rates of 4800 bps and below are adequately supported.

The G.721 ADPCM algorithm is conceptually similar to that shown in

figure 2.46 but more sophisticated in that it uses an eighth-order

predictor, adaptive quantization, and adaptive prediction. Furthermore,

the algorithm is designed to recognize the difference between voice or

data signals and use a fast quantizer adaptation mode for voice and

a slow adaptation mode for data. Subjective evaluation of the G.721

algorithm using the mean opinion score (MOS) method of evaluating

speech quality is shown in figure 2.47.
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Figure 2.47 Average MOS versus number of encodings for PCM and
ADPCM for carbon microphone.

The MOS method uses trained listeners to evaluate the speech quality
on a scale of 1:5. Figure 2.47 shows the average scores of 32-kbps
ADPCM and 6 4-kbps PCM as a function of the number of analog
tandem encodings.

Because ADPCM at 32 kbps provides good quality at a moderate cost
and power consumption, it is used in several cordless telephone or low-
tier-digital cellular systems those utilize simple, low-power mobile
units, and small cells and only supports pedestrian speeds:

Personal Access Comm. System (PACS) (North America)

Second Generation Cordless Telephones (CT2) (Europe)

Digital European Cordless Telephones (DECT) (Europe)

Personal Handy phone System (PHS) (Japan)
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2.5 Delta Modulation, DM

Delta modulation (DM) is another digitization technique that
specifically exploits the sample-to-sample redundancy in a speech
waveform. In fact, DM can be considered as a special case of DPCM
using only 1 bit per sample of the difference signal to achieve digital
transmission of analog signals. The single bit specifies merely the
polarity of the difference sample and thereby indicates whither the
signal has increased (the sample is larger than) or decreased (the
sample is smaller than) since the last (previous) sample.
An approximation to the input wave form is constructed in the feed
back path by stepping up one gquantization level when the difference is
positive ("one") and stepping down one quantization level when the
difference is negative ("zero"). If the current sample value is equal to
the previous one, code the first such occurrence opposite to the
previous bit and then alternate to ‘0’ and ‘1’ for later occurrences.
In this way the input signal is encoded as a sequence of 'ups™ and
"downs" in a manner resembling a staircase. Figure 2.48 shows a DM
approximation of a typical waveform that does not need k bits per

sample as in PCM. One bit per sample will suffice.
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Figure 2.48 Waveform encoding by delta modulation

Notice that the feedback signal continues to step in one direction until
It crosses the input, at which time the feedback step reverses direction
until the input is crossed again. Thus, when tracking the input signal,
the DM output "bounces" back and forth across the input waveform,
allowing the input to be accurately reconstructed by a smoothing filter.
The main attraction of DM is its simplicity.

Since each encoded sample contains a relatively small amount of
information (1 bit), DM systems require a higher sampling rate than
PCM or multi-bit DPCM systems for comparable quality of speech.
From another viewpoint, "over sampling™ is needed to achieve better
prediction from one sample to the next. Consequently, the advantage in
saving bandwidth in sampling is lost in rendering the quality equal to
the PCM.

2.5-1 Delta Modulation Transmitter
Figure 2.49 shows a block diagram of a delta modulation
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transmitter. The input analog is sampled and converted to a PAM
signal, which is compared with the output of the DAC. The output of
the DAC is a voltage equal to the regenerated magnitude of the
previous sample, which was stored in the up-down counter as a binary

number.
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Figure 2.49 Delta modulation transmitter

The up-down counter is incremented or decremented depending on
whether the previous sample is larger or smaller than the current
sample. The up-down counter is clocked at a rate equal to the sample
rate. Therefore, the up-down counter is updated after each comparison.
Figure 2.50 shows the ideal operation of a delta modulation encoder.
Initially, the up-down counter is zeroed, and the DAC is outputting

0 V. The first sample is taken, converted to a PAM signal, and
compared with zero volts. The output of the comparator is a logic 1

condition (+V) indicating that the current sample is larger in amplitude
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than the previous sample. On the next clock pulse, the up-down counter

Is incremented to a count of 1.

» DAC output
Y

PCM111111000||000011001111000

Figure 2.50 Ideal operation of a delta modulation encoder

The DAC now outputs a voltage equal to the magnitude of the
minimum step size (resolution), The steps change value at a rate equal
to the clock frequency (sample rate). Consequently, with the input
signal shown, the up-down counter follows the input analog signal up
until the output of the DAC exceeds the analog sample; then the up-
down counter will begin counting down until the output of the DAC
drops below the sample amplitude. In the idealized situation shown in
figure 2.50, the DAC output follows the input signal. Each time the up-
down counter is incremented, a logicl is transmitted, and each time the

up-down counter is decremented, a logic 0 is transmitted.

2.5-2 Delta Modulation Receiver
Figure 2.51 shows the block diagram of a delta modulation receiver.

As you can see, the receiver is almost identical to the transmitter except
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for the comparator. As the logic 1s and Os are received, the up-down
counter is incremented or decremented accordingly. Consequently, the
output of the DAC in the decoder is identical to the output of the DAC

in the transmitter.
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Figure 2.51 Delta modulation receiver

With delta modulation, each sample requires the transmission of
only one bit; therefore, the bit rates associated with delta modulation
are lower than conventional PCM systems. However, there are two
problems associated with delta modulation that do not occur with

conventional PCM: slope overload and granular noise.

A. Slope overload

Basically, slope overload distortion occurs for large and fast signal
transition, when the slope (rate of change) of the analog input signal
exceeds the maximum rate of change that can be generated by the
feedback loop. Figure 2.52 shows what happens when the analog input

signal changes at a faster rate than the DAC can maintain. Since the
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maximum rate of change in the feedback loop is merely the step size
times the sampling rate, a slope overload condition occurs if;
d x(t)

>q f

DOqr,

The relatively high sampling rate of a delta modulator (increasing the

(2.54)

clock frequency) produces a wider separation of these spectrums and
hence, fold over distortion is prevented with less stringent roll-off
requirements for the input filter. It reduces also the probability of slope
overload occurring. Another way to prevent slope overload is to

increase the magnitude of the minimum step size.

Analog input DAC output

Steep slope, p L ; ;
——
rapid change / \ —btf/]_/
\. g
Figure 2.52 Slope overload distortion

Slope overload is not a limitation of just a DM system, but an inherent
problem with any system, such as DPCM in general, that encodes the
difference in a signal from one sample to the next. A difference system
encodes the slope of the input with a finite number of bits and hence a
finite range. If the slope exceeds that range, slope overload occurs. In

contrast, a conventional PCM system is not limited by the rate of
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change of the input, only by the maximum encodable amplitude. Notice
that a differential system can encode signals with arbitrarly large
amplitudes, as long as the large amplitudes are attained gradually.
B. Granular noise

Figure 2.53 contrasts the original and reconstructed signals
associated with a granular noise in delta modulation system. It can be
seen that when the original analog input signal has relatively constant
amplitude, the reconstructed signal has variations that were not present
in the original signal. Granular noise in delta modulation is analogous

to quantization noise in conventional PCM.

Reconstructed signal
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Figure 2.53 Granular noise

Original signal

Granular noise can be reduced by decreasing the step size. Granular
noise is more prevalent in analog signals that have gradual slopes and
whose amplitudes vary slowly by small amounts. Slope overload is
more prevalent in analog signals that have steep slopes or whose
amplitudes vary rapidly.

Therefore, to reduce the granular noise, a small resolution is needed,
and to reduce the possibility of slope overload occurring, a large

resolution is required. Obviously,
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a compromise is necessary, where the design of a DM (or DPCM)
necessarily involves a trade-off between the two types of distortion.
The optimum DM step size in terms of minimizing the total of the
granular and the slope overload noise is required. The perceptual
effects of slope overload on the quality of a speech signal are
significantly different from the perceptual effects produced by granular
noise.

As indicated in figure 2.54, the slope overload noise reaches its peaks
just before the encoded signal reaches its peaks. Hence, slope overload
noise has strong components identical in frequency and approximately
in phase with a major component of the input. In fact, overload noise is
much less objectionable to a listener than random or granular noise at
an equivalent power level. Hence, from the point of view of perceived
speech quality, the optimum mix of granular and slope overload noise

is difficult to determine.

Figure 2.54 Slope overload and granular noise of DM system
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Many versions of DM for voice encoding focused on ways of
implementing adaptive delta modulation (ADM) to improve the
performance at a given bit rate. The intense interest at that time was
related to the simplicity, good tolerance of channel errors, and
relatively low cost implementation. The cost factor is no longer
relevant because even relatively complicated coding algorithms now
have insignificant costs compared to most system costs. ADM is still
used in some old PBXs, in some military secure voice radio systems,
and as a means of encoding the residual error signal of some predictive

coders.

2.5-3 Adaptive Delta Modulation, ADM

Adaptive delta modulation is a delta modulation system where the
step size of the DAC is automatically varied, depending on the
amplitude characteristics of the analog input signal. Figure 2.55 shows
how an adaptive delta modulator works. When the output of the trans-
mitter is a string of consecutive 1s or 0s, this indicates that the slope of
the DAC output is less than the slope of the analog signal in either the
positive or the negative direction, Essentially, the DAC has lost track of
exactly where the analog samples are, and the possibility of slope

overload occurring is high.



Chapter 2 Digital Pulse Modulation 138

Reconstructed
-~ analog

Original

analy
-

With an adaptive delta modulator, after a predetermined number of

1

Slope overicad Granular noise
reduced minimized

Figure 2.55 Adaptive delta modulation

consecutive 1s or 0s, the step size is automatically increased. After the
next sample, if the DAC output amplitude is still below the sample
amplitude, the next step is increased even further until eventually the
DAC catches up with the analog signal. When an alternative sequence
of 1s and Os is occurring, this indicates that the possibility of granular
noise occurring is high. Consequently, the DAC will automatically
revert to its minimum step size and, thus, reduces the magnitude of the
noise error.

A common algorithm for an adaptive delta modulator is when three
consecutive 1s or 0s occur, the step size of the DAC is increased or
decreased by a factor of 1.5. Various other algorithms may be used for
adaptive delta modulators, depending on particular system
requirements.

The differential systems described in the previous sections (DPCM,
ADPCM, ADM) operate with lower data rates than PCM systems
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because they encode a difference signal that has lower average power
than the raw input signal. The ratio of the input signal power to the
power of the difference signal is referred to as the prediction gain.
Simple DPCM systems (first-order predictors) provide about 5 dB of
prediction gain.

ADPCM provides greater levels of prediction gain depending on the
sophistication of the adaptation logic and the number of past samples
used to predict the next sample.

The prediction gain of ADPCM is ultimately limited by the fact that
only a few past samples are used to predict the input and the adaptation
logic only adapts the quantizer, not the prediction weighting

coefficients (the a’s in figure 2.46).
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Chapter

Multiplexing Techniques

The installation of communication systems is very costly, and

the costliest element is the transmission medium. Quite clearly great
economics would result if a single transmission medium can carry
several signals all combined together.

Multiplexing is the technique used to combine a number of signals and
send them over the medium to make the best use of the transmission
medium and ensure that its bandwidth is utilized to its full capacity.

So, it is economically feasible to utilize the available bandwidth of
optical fiber or coaxial cable or a radio system in a single high-capacity
system shared by multiple users. In order for the signals to be received
independently they must be sufficiently separated in some sense.

This quality of separateness is usually called orthogonality. Orthogonal
signals can be received independently of each other whilst non-
orthogonal signals cannot. There are many ways in which orthogonality

between signals can be provided.
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Two approaches to multiplexing are analog, or Frequency-Division
Multiplexing, (FDM); and digital, or Time-Division Multiplexing,
(TDM). The actual equipment that performs the multiplexing is called a
channel bank. Analog or A-type channel banks perform analog
multiplexing; digital or D-type channel banks perform digital
multiplexing. In FDM, the frequency band of the system is divided into
several narrowband channels, one for each user all the time. Use of
multiplexing technique is possible if the bandwidth of the channel is
higher than the bandwidth of the individual data sources to facilitate
good utilization of the channel bandwidth. In TDM, the transmission
time of the system is divided into several narrow time slot channels,
one for each user that uses the total system bandwidth. Use of
multiplexing technique is possible if the capacity of the channel is
higher than the data rates of the individual data sources to facilitate
good utilization of the channel capacity.

Despite the need to convert the voice signals to a digital format at one
end of a Tl line and back to analog at the other, the combined
conversion and multiplexing cost of a digital TDM terminal was lower

than the cost of a comparable analog FDM terminal.

3.1 Analog Multiplexing

The traditional way of providing orthogonality in analogue telephony
and audio/video broadcast applications is to transmit different
information signals using different carrier frequencies. Such combined

signals are disjoint (non-overlapped) in frequency and can be received
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separately using filters. Using different carriers, to isolate signals from
each other in FDM technique, number of signals from different sources
are translated into different frequency bands at the transmitting side
and sent over the same transmission medium by using them to
modulate the carrier signals with different and appropriate frequency so
that they do not interfere with each other.

FDM was the original multiplexing technique for analogue
communications and is now experiencing a resurgence in fiber optic
systems in which different wavelengths are used for simultaneous
transmission of many information signals. In FDM telephony, 300 Hz —
3.4 kHz bandwidth telephone base band signals, are stacked in
frequency at 4 kHz spacing with small frequency guard bands between
them to allow signals separation using practical filters. Figure 3.1
shows an example of a communication system in which the signals
from three data sources can be combined (multiplexed) together and
sent through a single transmission medium. At the receiving end, the

signals are separated (de-multiplexed) using a bank of filters.
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Figure 3.1 Multiplexing and De-multiplexing.
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Figure 3.2 shows how an FDM signal can be generated.
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Figure 3.2 Generation of an FDM signal.

3.1-1 FDM Hierarchy

Actual FDM is accomplished as a multilevel process. FDM
hierarchy multiplex 12- voice signals each of 4 k Hz together to create
a Basic group as one of the fundamental unit for marketing. Five-
groups are multiplexed together to create a Super group. Ten Super
groups multiplexed together give a Master group. Six Master groups
multiplexed together give a Jumbo group. Three Jumbo groups

multiplexed together give a Jumbo group multiplex.
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3.1-1.1 Formation of a Basic Group

In the trunk or toll system, 12 channels form a Basic group. The
Basic group is formed by SSB-SC amplitude modulation of 12 sub-
carriers at 64, 68, 72; . . . ; 108 kHz. This modulation technique is used
to beat the corrupting influence of noise on the information content of
the transmission as we put as much as possible, if not all, of the
available power into one of the sidebands. An added advantage to this
scheme is that the required bandwidth is reduced to one-half of its
original value. Clearly, this would allow twice as many messages to be
sent on the same channel as before. The price to be paid for this
advantage is that to demodulate an SSB signal, it is necessary to
reinstate the carrier at the receiver. The reinstated carrier has to be in
synchronism with the original carrier, otherwise demodulation yields
an intolerably distorted signal. Providing a synchronized local
oscillator requires complex equipment at the transmitter as well as at
the receiver. In SSB radio, an attenuated form of the carrier is
transmitted with the signal. This is used to synchronize a local
oscillator in the receiver. In the telephone system, a centrally generated
pilot signal is distributed to all offices for demodulation purposes. In
some cases, a local oscillator without synchronization is used. If the
frequency error is small (approximately -5 Hz), successful
demodulation can be achieved.
The required carriers are generated from a 4 kHz crystal-controlled

oscillator and multiplied by the appropriate factor. The upper sidebands
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are removed and the lower side bands are added together to form the
Basic group. Figure 3.3-a shows a block diagram for channel 1. Figure
3.3-b shows a schematic representation of the spectrum of the Basic
group that covers the frequency range from 60 kHz to 108 kHz.

For a small-capacity trunk, the Basic group may be transmitted without
further processing. The transmission channel can be a twisted pair or

coaxial cable.
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Figure 3.3 Formation of Basic group with its Spectrum

3.1-1.2 Formation of a Super Group

For higher capacity channels, five Basic groups are combined to
form a Super group. Figure 3.4-a shows the block diagram of the Super
group 1. Note that to make the filtering problem easier, the carrier

frequency is chosen to be 420 kHz. Figure 3.4-b shows the frequency
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spectrum of the Super group that occupying the frequency range from
312 kHz to 552 kHz.
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Figure 3.4 Formation of the Super group and its Spectrum

Table 3.1 shows the carrier frequencies and band widths for each Super
group. For a 60-channel trunk, the signal can be transmitted in this
form. Again a twisted pair with coil loading or amplification and
coaxial cable may be the medium of transmission. By organizing the 12
Basic groups into a Super group of 5 it clear that the sub-carrier
frequencies, the balanced modulators and band pass filters can all be

duplicated five times over.
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Table 3.1
Supengroup number  Camer requancy k2] Bandwdh (kHz)

1 42 J12-360
2 414 J60—-404
d G186 408456
4 a4 456504
5 612 a4-552

3.1-1.3 Formation of a Master Group

To create a 600-channel trunk, 10 Super groups are combined to form
a Master group. The frequency spectrum of the Master group is shown
in figure 3.5 that occupying the frequency range from 564 kHz to 3,084
kHz and containing a total of 600 voice channels.
Note that there are gaps of 8 kHz between each Super group spectrum.
These gaps are designed to make the filtering problem easier.
The carrier frequencies and bandwidths of the 10 Super groups are
given in Table 3.2.
The Super group can be transmitted over coaxial cable or it can be used
to modulate a 4 GHz carrier for terrestrial microwave transmission or

even sent over a satellite link.
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Table 3.2
supargraup rurmber  Camer ledquency (kHz]  Bandwidh (kHz)
1 1116 264504
2 1364 g12-10a2
| 1612 10601300
4 1860 13081544
& 2104 15561796
& 2356 18042044
7 2652 21002341
8 2900 24820848
! J144 25962036
10 4336 28443084
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Figure 3.5 Formation of the Maser group and is Spectrum.

Six master groups multiplexed together give a Jumbo group occupying

the frequency range from 564 kHz to 17,548 kHz and containing 3,600

channels. Three Jumbo groups multiplexed together give a Jumbo

group multiplex containing 10,800 channel.

Analog multiplexing and continual improvements in the technology

enabled costly transmission systems to be shared to carry thousands of

telephone signals, thereby making long-distance telephone service

affordable to us all. But analog multiplexing suffered from noise,
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distortion, and other impairments, and was costly to maintain as it
requires a huge number of modulators / demodulators, oscillators and
filters. Analog multiplexing on coaxial cable has been used in the old
Bell System since 1946 for long-distance telephone transmission. Two
such coaxial make a two-way pair, with each coaxial carrying
transmission in one direction. As the signal travels along the coaxial, it
becomes weaker and weaker and must there be amplified before it
becomes too weak. Amplification is a one-way affair, and thus a
coaxial can only carry signals in one direction. A number of coaxial are
placed together to form a coaxial cable for use in a transmission
system. The multiplexing system used with coaxial cable is called L-
carrier.

Various generations of the technology are indicated by a number
suffixed after the L. The key factor in the L-carrier system is the
distance between the amplifiers, called repeaters that amplify and
retransmit the signal to the next section of the cable.

The age of analog multiplexing is now over; digital multiplexing
proved superior in nearly all respects and is now quite widespread. In
the late 1980s, AT&T replaced nearly all the analog multiplexing in
use on its long-distance network with digital multiplexing systems.

3.2 Digital Multiplexing
In FDM, voice signals were ‘‘stacked’’ in the frequency spectrum
so that many such signals could be transmitted over the same channel

without interference. Each channel is connected to the transmission
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medium for the whole time but each channel is allocated a different
frequency band. In digital multiplexing, the time of channel use is
divided among all users. Each voice signal is assigned the use of the
complete channel bandwidth (All the channels use exactly the same
frequency band) using one of non-overlapping time slots on a periodic
basis using a technique known as TDM. Normally, all time slots of a
TDM system are of equal length. Also, each sub channel is usually
assigned a time slot with a common repetition period called a frame
interval. Use of multiplexing technique is possible if the capacity of the
channel is higher than the data rates of the individual data sources to
facilitate good utilization of the channel bandwidth.

At the transmitter side the multiplexer collects the data from each
source, and the combined bit stream is sent over a single medium.
Framing information is needed for the switching circuit at the receiver
side that separates the data corresponding to the individual sources
(time slots) in the de-multiplexer as shown in figure 3.6. When the de-
multiplexer detects the frame synchronization word, it knows that this
IS the start of a new frame and the next time slot contains the
information of user channel 1.

Many PAM or PCM signals could be time multiplexed using an
electronic switch that is operated by gated pulses. The switch is closed
for the duration of the pulse. A TDM system with two inputs PAM
signals is shown in figure 3.7. The samplers or commutators are shown

here as switches which are driven in synchronism.
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Figure 3.6 Digital Multiplexing and de-multiplexing
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Figure 3.7 TDM Principle

TDM obviously increases the overall sample rate and therefore the
required bandwidth for transmission as shown in figure 3.8. It is
however, possible to reduce the band width of the TDM signal

dramatically by appropriate filtering since, strictly, it is only necessary
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that the TDM signal provides the correct amplitude information at the

sampling instants.

£ (1) Basehand
£ (1) 2 Cl:lrrm;u[amr - filies

HH[:] ! ] iq'ﬁ = HJFI]I?

{61l TTM tromemattar il kacehand flterme

Figure 3.8 TDM transmitter with base band filtering

If a minimum bandwidth TDM signal is formed by filtering then
sampling accuracy becomes critical in that samples taken at times other
than the correct instant will result in cross-talk between channels.

Cross talk also occurs between the channels of a TDM signal even if
filtering is not explicitly applied. This is because the transmission
medium itself may band limit the signal. Such band limiting effects
may often be at least approximated by RC low-pass filtering. In this
case the response of the medium results in pulses with exponential
rising and falling edges is shown in figure 3.9.

If the guard time between rectangular pulses (time between the trailing
edge of one pulse and the rising edge of the next) is tg, and the time
constant of the transmission channel is RC, then the amplitude of each

-tg/ RC

pulse will decay to a fraction € of its peak value by the time the

next pulse starts.
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Figure 3.9 Cross-talk between tributary channels of a TDM signal:
a- signal at channel input, b-Signal at channel output.

For the RC characteristic the channel bandwidth is;

f3de = 1/ (2 T RC), therefore the cross-talk ratio (XTR) in dB at the

pulse trailing edge (the optimum XTR sampling instant) is:

XTR = 20 log @2 ™ 13dB (tg + 1)

=54.6 fagg (tg + 1) dB (3.1)

This is the first order estimate of the required guard time to maintain a
desired cross-talk ratio in a band limited channel, for a given

rectangular pulse width 1, at the channel input. (If sampling occurs at
the center of the T s nominal pulse slot, rather than at its end, then XTR

Is reduced by approximately 6 dB when t << RC.)
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Digital TDM forms the basis of the telephone hierarchy for
transmitting multiple simultaneous telephone calls over high speed 2,
or 140 M bit/s data links.

When TDM signal is developed on a four-channel system as shown in
figure 3.10, for example, the sampling frequency for each individual

channel is displaced in time relative to the preceding and succeeding

channel.
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Figure 3.10-a Block diagram of a four-channel PCM System
This means that the sampling takes place successively,

so that channel 1 is sampled first, followed by channels 2, 3 and 4, then

channel 1 is sampled again and so on.
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Practical TDM systems based on PAM have been built and used in the
telephone system (No. 101 ESS-PBX).

Figure 3.10-b Signals of the four-channels, the interleaved PAM and
the 8-bit PCM System
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3.2-1 TDM Hierarchy
PCM-coded speech is transmitted as 8-bit samples 8,000 times
a second, which makes up a 64-Kbps data rate.
These eight-bit words from different users are interleaved into a frame
at a higher data rate. In a manner similar to the FDM hierarchy, there
are two recommended standards:
* North American, AT&T Standard
* European, CEPT Standard

American Telephone and Telegraph, AT&T established a digital TDM

hierarchy that has become the standard for North America and Japan.

It uses the pu-law for quantizing, and the system was designed for
channel-associated signaling.

All higher levels are implemented as a combination of some number of
lower level signals. The designation of the higher level digital
multiplexers reflects the respective input and output levels.

For example, an M12 multiplexer combines four DSI signals to form

a single DS2 signal, (Because T2 transmission systems have become
obsolete, the M 12 function exists only in a functional sense within M
I3 multiplexers, which multiplex 28 DS1 signals into 1 DS3 signal).

A similar digital hierarchy has also been established by ITU-T as an
international standard. In 1959 the European countries formed a non-
political organization "CEPT", The European Committee of Postal and
Telecommunication Administrations. This committee recommended

standards for compatibility of the telecommunications systems
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employed throughout Europe. Both European and American PCM
frame are repeated at PCM sampling rate that is 8,000 times in

a second.

3.2-1.1 AT&T System

It is known as Bell T1 PCM Carrier System uses an eight-bit PCM in
24 voice-channel banks as shown in figure 3.11. The number of bits
generated for one scan of the channels (frame) is 24 x 8 = 192. One bit
(a frame alignment bit) is required for frame synchronization (S-bit) so
the total number of bits per frame is 193. For band-limited 4 kHz
analog signal, sampling rate 8 k Hz, the system produces a gross line
bit rate of (193 x 8000) = 1.544 M bit/s. The 24 voice channels require
1.536 M bps and an additional 8 k bps are needed for synchronization
purposes, thereby giving 1.544 M bps as the overall bit rate, The
minimum bandwidth required to transmit the signal is 1.5 MHz.
Starting with DSO which is a 64 k bps digital version of a voice signal
as a fundamental building block, DS1 or T1 level frame has 24-PCM
channel. It is the most common frame structure in telecommunications

networks used in North American standard areas.

Channel 1 | Channel 2 I Channe] 24 I
,

f-hit channels

Framing bit

Figure 3.11 The 193-bit, 125 p sec. DS-1 frame.
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The use of the eight-bit code means that the voice signals are quantized
at 256 (28) levels. Some of the less significant bits may be robbed and

used for signaling purposes such as dialing and detection of hook
switch ON/OFF.

The quantization error resulting from this is considered to be tolerable,
although several compression schemes are used to minimize its effect.
The 1.544-Mbps frame structure is shown in figure 3.12.

A multi-frame is constructed from 12 subsequent frames and their 12
S-bits make up the 6-bit frame and 6-bit multi-frame synchronization
words.

In T1, the least significant bit of each channel in every sixth frame is
used for signaling. As a consequence, only seven bits in each time slot
are transparently carried through the network and the basic user data

rate is 56 Kbps instead of the 64 Kbps in the European systems.



Chapter 3 Multiplexing Techniques 159

Each time elat [T5] of & frame contains 3 hifs.
125 microseconds, 19 bits

o} o
Channel nu
RIATHeEA B3| TENN2EERMIESINE N

1 HE DR B B D00 T e e e EE

Time slof number fills Framint hit

Framé |= repeqtad B0 fimes 03 second which (s e same as FCM samping rate.
Each frame corains one smple of 21 difterent speech sigrals.

Taéach frame 1 bif, caled a framing bif, & added.

(24 Hme elats =B bEs + 1hit} *5,00 « 1,54 Kbpe.

ane bit neach skt in every sth frame |s replaced by doraling romation.
A5 1 cansequence, anly 7 out of B HE can be Lsed transparenty
theauqh the network. Therelore, 3 baslc channgl capacity s 56 Kbpe.

Figure 3.12 The 1.544 Mbps PCM frame

For frame synchronization and for de-multiplexing of signaling
information, frames make up a multi-frame structure with two
alternative lengths, a Super frame (SF) containing 12 frames or an
Extended super frame (ESF) containing 24 frames. The framing bits of
ESF, one in each frame, carry frame synchronization information
including CRC code and data channel for network management
messages.

In transatlantic connections, E1 frames are adapted to the T1 frame
structure and trans-coding between p-law and A-law PCM is carried

out. Each time slot in E1 is transmitted further in one time slot of T1.
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Table 3.3 and following figure list the various multiplex levels, their bit
rates, and the transmission media used for each. Notice that the bit rate
of a high-level multiplex signal is slightly higher than the combined
rates of the lower level inputs. The excess bits are included for certain
control and synchronization functions. As DSO with 64 k bps digital
voice signal as a fundamental building block, DS1 or T1 level frame
has 24-PCM voice channel digitally multiplexed together is sometimes
called a digital group, or a digroup for short.

As shown in table 3.3, four DS-1 signals time multiplexed together
give a DS-2 signal containing 96 voice channels and requiring a data
rate of 6.312 M bps.

Seven DS-2 signals time multiplexed together give a DS-3 signal
containing 672 channels and requiring 44.736 M bps.

Six DS-3 signals time multiplexed together give a DS-4 signal
containing 4032 channels and requiring a data rate of 274.176 M bps.
The extra bits in the higher capacity digital signals are used for timing
and synchronization information to assist in the separation and de-
multiplexing of the individual channels.

The timing and clocking information is contained within the digital bit
stream and thus is self-synchronizing, or asynchronous. Such near syn-
chronous timing schemes form a plesiochronous digital hierarchy
(PDH).
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Table 3.3 Digital TDM signals of North America and Japan

Digital Signal ~ Number of Bit Rate

Number  Voice Circuits  Multiplexer Designation  (Mbps) Transmission Media
DSt 24 D channel bank 1.544 T1 paired cable
(24 analog inputs) |
DS1C 48 M1C ‘ 3.152 TiC paired cable
(2 D81 inputs)
DS2 96 M12 6.312 T2 paired cable
(4 DS1 inputs)
DS3 672 M13 44.736 Radio, Fiber
(28 DS1 inputs)
D34 4032 M34 274.176 T4M coax, WT4
(6 DS3 inputs) waveguide, radio
0s1c
3152 Kbps Highar-arder multiplexers buid
! MicF—* up higher data rates far optical
2 053 of microwave rado transmission.
}, B,132 Khps
0s 1 M2 p— -
158 Khps ] 44,736 Kbps -
M1 . 774,175 Mbps
28 ! v

Ahove 1.5 Mbps, justification |stulfing)is done
ateach stage because trbutary rates ara allowad to be
Ebsiuchmnnus. Demulliplen'nghhas to be done step by step
gcause justilication bits must be stipped off i order 1o lo cats the information cantent.

When the signal is sent over a twisted-pair telephone wire, it suffers

considerable degradation from noise, bandwidth limitation, and phase



Chapter 3 Multiplexing Techniques 162

delay. It is therefore necessary to place repeaters and equalization
circuits at intervals of approximately 6000 ft to restore the pulses. 6000
feet (approximately 2000 m) of twisted pair non-loaded wire has a 3 dB

bandwidth of approximately 4 kHz.

Signaling Information

There are two types of information carried by a DS-1 frame: the user
information and the signaling information. The example of user
information is digital voice or data. The signaling information is used
by the network to delineate and control user information. In the case of
DS-1 system, there may be as many as 24 users using each frame.
There is the need for routing and control of this information. This is
done by robbed bit signaling in voice communication and common
channel signaling in data communications.

In robbed bit signaling one of every 48 bits in a voice channel is stolen
by the network to be used for signaling. Recall that each voice channel
has 8 bits per frame. Therefore, stealing one bit out of six frames per
channel leaves 47 out of the 48 bits used for actual user information.
The stolen bit is the least significant bit of a channel of every sixth
frame. Thus, user channel contains a signaling channel with a bit rate
1/48 times the bit rate of voice channel. Consequently, the 8-bit PCM
does not get a true bit rate of 64 kbps.

Instead, it has a bit rate of (47/48)th of 64 kbps. The signaling bit rate
per voice channel is 1/48 x 64 kbps.
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In summary, when DS-1 is used to carry voice only traffic, the 24
channels are used for 8-bit PCM. Signaling information is added to
each voice channel by stealing one bit per channel in every sixth frame.
In common channel signaling mechanism, a separate channel is stolen
from every frame to carry the signaling information about a group or

groups of channels. In this case, twenty-three channels are used for
data, and the 24™ channel is dedicated to carry the signaling

information about all the remaining 23 channels.
The main use of this channel is fast recovery from a framing error.
In the 23 channels, the user information is carried by using 7 bits per

channel, thus giving a data rate of ;
7 x 8000 =56 kbps. The 8™ bit of each data channel is used to define

a signaling channel for each data channel.

This is done when DS-1 frame is used to carry data from data
terminals.

Another type of signaling is the in-channel signaling in which the user
and signaling information is carried over the same channel. It is used
by allocating one bit of every data channel for this purpose.

When DS-1 is used to carry combined voice and data information, then
all the 24 channels are used. Multiple DS-1 frames can be multiplexed
to obtain higher data rate systems, such as DS-2, using 4 DS-1 frames,
and DS-3 combining 30 DS-1 frames.
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3.2-1.2 The 30/32-Channel CEPT PCM System

The 30/32 channel PCM system uses a frame and multi-frame
structure is shown in figure 3.12. The TDM frame depicts the number
of bits in each channel where out of the 32 slots, 30 slots are used to
carry voice and two slots (slot 0 and slot 16) are used to carry
synchronization and signaling information. The 2.048 Mbps used in
areas that go by European standards. Starting with EQ which is an
64 k bps digital version of a voice signal as a fundamental building
block, E1 or T1 level frame has 30-PCM channel. There is reserved
time slot for CAS information in the 2-Mbps frame structure.
Signaling Information
In the E-I carrier system, there are 32 channels, each for 64 kbps data
rate, providing a total bit rate of 2.048 Mbps. Thirty of these channels
are used for user data (voice or non-voice) and the remaining two for
various signaling and control functions. The term T-1 is used to
describe the raw bit rate of 1.544 Mbps using DS-1 format. There is no
such differentiation of terms in E-I: the term E-I conveys the meanings

for the signal format as well as the raw bit rate.
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Figure 3.12 30 / 32-Channel CEPT PCM System with 2,048-kbps
frame structure

Multiplexing is performed at the transmitter side and the TDM frame

has the following channel allocation:

* Time slot 0: frame alignment word (FAW), frame service word
(FSW).

* Time slots 1 to 15: digitized speech for channels 1 to 15.
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* Time slot 16: multi-frame alignment word (MFAW), multi-frame
service word (MFSW) signaling information.
* Time slots 17 to 31; digitized speech for channels 16 to 30.
Common channel signaling can be adapted for this system and if this is
used then it would have 31 data channels and a single synchronization
channel, or Frame Synchronization Time Slot.
Each time slot contains an eight-bit sample value and each channel
produces data at the rate of 64 Kbps. These voice channels or data
channels are synchronously multiplexed where the multiplexer takes
the 8 bits of each channel and produces a gross line bit stream at the
rate of 2.048 Mbps (64 kbps x 32) data stream known as the 2-Mbps
Frame, which is often called E1 (first level in European hierarchy).
It uses the A-law in the quantization process. The frame is repeated
8,000 times a second, which is the same as the PCM sampling rate. For
error-free operation the tributaries (64-Kbps data streams of the users)
have to be synchronized with the clock signal of the 2-Mbps
multiplexer. The data rate of 2,048 Kbps for the multiplexer is allowed
to vary by 50 parts per million (ppm), and as a consequence each user
of the network has to take timing from the multiplexer in the network
and generate data exactly at the data rate of the multiplexer divided by
32.
At the receiving end, the de-multiplexer separates the data

corresponding to each channel. As shown in Table 3.4, this hierarchy is
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similar to the North American standard but involves different numbers
of voice circuits at all levels.
Table 3.4 Digital TDM signals of Europe

Numberof Voo~~~ Multplexer

el N Ciods  Desalon Bt Ree My
f A o0
2 H 2 .
f ) 23 3
J ) i 19984
B ) s 5651

The following figure indicates higher order multiplexing stages for

European standard illustrates in table 3.4
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at each stage heoauss tribitary rates are alowed to be
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A- PCM Frame and Multi-frame Structure
A.1- The Frame Structure
The frame consists of 32 time slots (TS), as shown in figure 3.13.

Each TS consists of 8 bits. In these time slots bit 1 is used to indicate
the polarity of the sample and bits 2 to 8 indicate the amplitude of the
sample.
A.2-The Multi-frame Structure

In order for signaling information (dial pulses) for all 30 channels to
be transmitted, the multi-frame consists of 16 frames numbered FO to
F15. This structure is shown in figure 3.13. Signaling for two channels
Is transmitted in time slot 16 in each frame.
B- Time Durations

CCITT recommendation is that the 8 kHz is used as the sampling
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frequency for 4 kHz voice signals. The following calculated time
durations are all shown in figure 3.13

B.1- Frame duration

The frame duration for fs = 8 kHz, is determined as;

Frame duration = 1/fs = 125 p second

B.2- Time Slot duration
The time slot duration is determined as follows:

Time slot duration = ___frame duration
timeslots per frame

=125 x10°/32=3.906 u second
B.3- Bit duration
The bit duration is determined as follows:

Bit duration = timeslot duration
bits per timeslot

3.906 x10°°
Bit duration = T:488 n second
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Figure 3.13 Frame and multi-frame structure for a 30 / 32- channel PCM system

B.4- Multi-frame duration
The Multi-frame duration is determined as follows:
Multi-frame duration = frame duration x frames per multi-frame;
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=125 x 10°® x 16 = 2 m second.

C- Gross line bit rate

The gross line bit rate is determined as:

1 1
bit duration 488x10°

= 2.048 M bit/sec.

Gross line bit rate =

It is the most common frame structure in telecommunications
networks, as the primary rate 2,048-Kbps frame used in the European
standard areas. This is the basic data stream that carries speech
channels and ISDN-B channels through the network and it is called E-
1.This primary rate frame is built up in digital local exchanges that
multiplex 30 speech or data channels at bit rate of 64 Kbps into the
2,048-Kbps data rate. ITU-T defines this frame structure in
Recommendation G.704.

TDM is normally associated only with digital transmission links and
the backbone digital links of the PSTN (T-carrier, digital microwave,
and fiber optics) use a synchronous variety of TDM. Although analog
TDM transmission can be implemented by interleaving samples from
each signal, the individual samples are usually too sensitive to all
varieties of transmission impairments. Analog TDM techniques have
been used in some PBXs before digital electronics became so
inexpensive that the digitization penalty disappeared.
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We discriminate between two types of TDMs to deal with the different
ways in which time for channel use could be allocated. The form of
TDM shown in figure 3.6 is sometimes referred to as synchronous
TDM to specifically imply that each sub channel is assigned a certain
amount of transmission capacity determined by the time slot duration
and the repetition rate. In contrast, another form of TDM referred to as
statistical, or asynchronous TDM. With this second form of
multiplexing, sub channel rates are allowed to vary according to the
individual needs of the sources.

The frame alignment word is needed to inform the de-multiplexer
where the words of the channels are located in the received 2-Mbps
data stream. The frame synchronization time slot (TS0) includes frame
alignment information and it has two different contents that are
alternated in subsequent frames as shown in figure 3.14. The de-
multiplexer looks for this time slot in the received data stream and,
when it is found, locks onto it and starts picking up bytes from the time
slots for each receiving user. Each user receives 8 bits in 125-us
periods, which makes 64 Kbps. A fixed alignment word is not reliable
enough for frame synchronization because it may happen that a user’s
data from one channel simulates the synchronization word and the de-
multiplexer might lock to this user time slot instead of TSO. This is
why there is one alternating bit (D2) in time slot 0 as indicated in figure

3.14 and due to this the de-multiplexer is able to detect the situation
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where one channel constantly transmits a word that is equal to the
frame alignment word (FAW).

To make frame alignment even more reliable, the cyclic redundancy
check 4 (CRC-4) procedure was added in the mid-1980s. C-bits are
allocated to carry a four-bit error check code that is calculated over all
bits of a few frames. The receiver performs error check calculations
over all bits of the frames and it is able to detect false frame alignment

even if the frame alignment word is simulated by one user that alters bit

two.
A frame, 175 microseconds
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Figure 3.14 the 2,048-kbps frame alignment word in TSO.

Each receiver of the 2,048-Kbps data stream detects errors in order to

monitor the quality of the received signal. Error monitoring is mainly
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based on the detection of errors in the frame alignment word. The
receiver compares the received word in every other TS0 with the error-
free frame alignment word. In addition to the frame alignment word,
the CRC-4 code is used to detect low error rates. Errors in the frame
alignment word do not give reliable results when the error rate is very
low. It may take a long time before an error is detected in TSO although
many errors may have occurred in other time slots of the frame. The C-
bit in figure 3.14 is set to 1 if CRC is not used.

The TS0 in every other frame also contains a far-end alarm information
bit A as shown in figure 3.14. This is used (set to 1) to tell the
transmitting multiplexer that there is a severe problem in the
transmission connection and reception is not successful at the other end
of the system. This may caused by, a high error rate, loss of frame
alignment, or loss of signal. With the help of the far-end alarm,
consequent actions can take place. These actions include rerouting user
channels to another operational system. D-Dbits can be used for
transmission of network management information. At international

borders they are usually set to 1.

Multi-frame Structure of the Signaling Time Slot

Time slot 16 (TS16) is defined to be used for the channel associated
signaling to carry separate signaling information to all user channels of
the frame. TS16 is a transparent 64-Kbps data channel like any other
time slot in the frame.

Thirty channels share the signaling capacity of TS16.
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A frame structure is needed to allocate the bits of this time slot to each
of the 30 speech channels.

The information about the location of the signaling data of each speech
channel is given to the signaling de-multiplexer with the help of the
multi-frame structure containing a multi-frame alignment word for
multi-frame synchronization.

The data rate available for each speech channel is 2 Kbps.

For CCS, the signaling information of all users is carried in data
packets and any time slot can be used for this. Each packet carries
information about the call to which it is related and signaling
information. CCS packets can in some cases, for example, in the short

message service of GSM, also carry user data.

3.2-2 Synchronous TDM

In synchronous TDM, the sampling rate of the various channels are
identical, all transmissions from multiplexed users occur at specified
time instants. For example, each user is allowed to transmit for a time
beginning at a given instant and ending at another instant. If the user
does not have data to transmit at the beginning of the specified interval,
the channel remains unused.
Synchronous TDM is performed by defining channel as having
a certain data rate. A multiplex cycle or frame is then defined as
consisting of a certain number of bits to be repeated. This multiplex
cycle is further divided into time slots such that the sum of slots is

equal to the multiplex frame.
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Example 3.1: Consider 8-bit PCM voice transmission. Let a digital
transmission channel have a data rate of 768 kbps or bits per sec.

This channel has 12 times the data rate required by a single voice
source. Suppose that a TDM cycle consists of (12 x 8 = 96) bits. Let
the cycle be divided into 12 slots, each of 8 bits. Then 12 voice sources,
each using 64 kbps 8-PCM can be multiplexed on this line. Note that in
8-bit PCM, 8 bits represent a single sample. Therefore, samples from
12 sources are multiplexed and interleaved on a single channel.

In synchronous TDM, the time slots are allocated to traffic sources
without any regard to whether these time slots will be used
continuously or not. It is well known that a voice source is active only
about 40% of the time. That means that for 60% of the time there will
be no data from each voice source and the slots will remain unused for
about 60% of time.

3.2-3 Asynchronous, Statistical TDM

In this method of TDM, signals are with different sampling rates,
specific slots are not allocated to individual users. Instead, all data
sources store their data in a buffer and then spit them out at a fixed rate.
The multiplexer visits data buffers one by one. If a buffer contains
some data to be transmitted, it is transmitted. Otherwise, the
multiplexer goes on to the next data buffer. Therefore, the channel
bandwidth is not wasted if any buffer has some data to send all the

time.
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The difference between synchronous and statistical TDM is shown in
figure 3.15.
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Figure 3.15 a- Synchronous multiplexing. Even if frame is partially
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Figure 3.15- b Statistical multiplexing. If frame is partially filled, the
source doesn't has to wait for the next frame to send
more than one slot of traffic

The figure shows data from N users multiplexed on a single
transmission line. A fixed frame length is defined in synchronous TDM

in figure 3.15-a. Each of the N data sources is allocated a specified part
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of the frame. The figure shows that during one particular TDM cycle
only three users have data to send. The frame carries data from these
three users and remains largely empty. Shown in ‘white’ is the portion
of the channel frame for which no one transmits any data, even if some
of the sources have data to transmit.

Contrary to this figure 3.15-b shows that there is no multiplex cycle in
statistical TDM. The multiplexer visits each source for the same
duration of time as in synchronous TDM. However, if a source does
not have any data to send, the multiplexer does not stay there for the
maximum allocated amount of time. Instead, it moves on to the next
source of data. In this way, more data is transmitted for the duration of
the same frame. In synchronous TDM even if an attached source does
not have any data to send, the channel expects that the source will use
the allocated slot. However, in statistical TDM, if a source has nothing
to send, the multiplexer goes on to next source.

In synchronous TDM, each source can transmit data only in the
designated time slot or slots. Consequently, if the multiplexed data is
heading towards a switch, the switch knows which slots are being used
by each source.

The data can be switched according to this information. However, the
situation is different for statistical TDM. In this case, any slot could be
carrying data from any of the sources. In fact, there is no particular
need of dividing the frame into slots. The information about who is the

source of a slot has to be included with the data. So, the user data
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blocks for statistical TDM consist of a header that tells the switch about
the source or destination (or both) of data.

The frame for statistical TDM does not have to be of a fixed length.
Depending on factors, such as traffic from other sources, a source can
transmit a variable number of bits each time. In this way, the frame for
statistical TDM requires pretty much all functions of synchronous
communication via frames, namely, flag, address and other frame

control information.

3.2-4 Statistical Versus Synchronous TDM
The slot allocation in synchronous TDM is just like allocating

channel in circuit switched network. It does not require addressing and
framing information. Therefore, all sources of traffic use their
designated time slots as if the slots were separate channels. When
traffic load is high enough to keep the TDM channel busy for most
time, the synchronous TDM is more efficient than statistical TDM as it
does not have any frame headers. Therefore, statistical TDM is not
always better than synchronous TDM or vice versa. In fact, they both
have strengths and weaknesses. The main strengths of statistical TDM
lie in the following facts:
1. It does not require a strict definition of beginning and ending of

a slot/frame. This property makes its implementation simple.

This resembles packet switching mechanism.
2. It utilizes the channel capacity more efficiently, especially when

individual sources have bursty traffic.
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Bursty traffic is characterized by repeated patterns of sudden data
generation followed by long pauses.

3. It is better suited to traffic sources with varying requirements of

channel capacity.

Sources requiring higher capacities might send longer frames, and

more often than the other slow speed sources. Even though

synchronous TDM can provide this capability by assigning multiple
time slots, the smallest unit of data in synchronous TDM is the slot
itself and there is always a possibility that a slot remains only partially
filled, thus wasting the channel capacity.

In addition to the above benefits of using statistical TDM, there are

some drawbacks associated with it as well. Some of these are:

1. The data has to be stored in buffers that requires additional cost of
memory.

2. Due to buffer storage, there will be delay distortion introduced. This

would deteriorate the quality of real-time data.

3. There is an additional overhead attached to each frame that helps to
identify the boundaries, addressee/addresser and other information
about data. At higher loads, this header cuts down on the efficiency
of the line.

The synchronous TDM has the following benefits over the other.

1. Once slot allocation has occurred, there is a fixed relation between

a data source and its slots. This is analogous to circuit allocation in

circuit switched network.
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2. There is no extra delay distortion, which makes it ideal for voice-like

communication,

There are tradeoffs in terms of some disadvantages, such as:

1. In conditions of low traffic volume from all or some data sources,

the link utilization is lower than statistical TDM.

2. The multiplexer and traffic sources all have to be synchronized.
Usually, the way this is done is by having a central clock providing
synchronization to the main multiplexer with clocks from each
source synchronized with the main clock. The main clock runs at the
line capacity, and is sometimes called as the master clock.

This is the real cost of synchronous TDM and offsets the memory cost

of statistical TDM.

Local clocks of individual sources generate data locally. Data is

multiplexed according to a predetermined order.

The multiplex cycle is divided into frames and slots, and one or more

slots are assigned for individual data sources.
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Chapter

Digital Modulation

Digital modulation is a process that impresses a digital symbol

onto a carrier signal suitable for transmission. For short distance
transmissions, base band modulation often called line coding is usually
used. Figure 4.1 shows several base band modulation waveforms.

The first one is the non-return to zero-level (NRZ-L) modulation which
represents a symbol 1 by a positive square pulse with length T and

a symbol 0 by a negative square pulse with length T. The second one is
the uni-polar return to zero modulation with a positive pulse of T/2 for
symbol 1 and nothing for 0. The third is the bi-phase level or
Manchester modulation which uses a waveform consisting of a positive
first-half T pulse and a negative second-half T pulse for 1 and a

reversed waveform for 0.
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For long distance and wireless transmissions, band pass modulation is
usually used. Band pass modulation is also called carrier modulation.
Digital base bands with base band voltage changes only between fixed
levels are used to alter the parameters of a high-frequency sinusoidal
carrier signal. The most common such base band is a binary digit (bit)

stream giving the application its usual name of binary modulation.

(a) WNRF-L 1 0 1 1 I 0 0 1
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Figure 4.1 Base band digital modulation examples.

The digital modulation schemes are classified into two large categories:
constant envelope and non-constant envelope. Under constant envelope
class, there are three subclasses: Frequency Shift Keying, FSK, Phase
Shift Keying, PSK, and Continuous Phase Modulation, CPM. Under
non-constant envelope class, there are three subclasses: Amplitude
Shift Keying, ASK, Quadrature Amplitude Modulation, QAM, and

other non-constant envelope modulations.
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Among the schemes, ASK, FSK, and PSK are basic modulations, and
Minimum Shift Keying, MSK, Gaussian Minimum Shift Keying,
GMSK, and QAM, etc. are advanced schemes. The advanced schemes
are variations and combinations of the basic schemes, where;

where;

Ve(t) = Ec Sin (2afc t + 0)

ASK FSK PSK

.

QAM
The constant envelope class is generally suitable for communication
systems whose power amplifiers must operate in the nonlinear region
of the input-output characteristic in order to achieve maximum
amplifier efficiency as TWTA (travelling wave tube amplifier) in
satellite communications. However, the generic FSK schemes in this
class are inappropriate for satellite application since they have very low
bandwidth efficiency in comparison with PSK schemes. Binary FSK,
BFSK was used in the low-rate control channels of AMPS (advanced
mobile phone service) cellular systems, and ETACS (European total
access communication system). The data rates are 10 Kbps for AMPS
and 8 Kbps for ETACS.
The PSK schemes, including BPSK, QPSK, Offset Quadrature PSK,
OQPSK, and MSK have been used in satellite communication systems.
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QPSK is worth special attention due to its ability to avoid 180° abrupt
phase shift and to enable differential demodulation. It has been used in
digital cellular mobile systems, such as the United States digital
cellular (USDC) system.

The PSK schemes have constant envelope but discontinuous phase
transitions from symbol to symbol. The CPM schemes have not only
constant envelope, but also continuous phase transitions. Thus they
have less side lobe energy in their spectra in comparison with the PSK
schemes. MSK and GMSK are two important schemes in CPM class.
MSK is a special case of CPFSK, but it also can be derived from
OQPSK with extra sinusoidal pulse-shaping. MSK has excellent power
and bandwidth efficiency. Its modulator and demodulator are also not
too complex. MSK has been used in NASA's Advanced
Communication Technology Satellite (ACTYS).

GMSK has a Gaussian frequency pulse. Thus, it can achieve even
better bandwidth efficiency than MSK. GMSK is used in the US
cellular digital packet data (CDPD) system and European GSM (global
system for mobile communication) system.

The generic non-constant envelope schemes, such as ASK and QAM,
are generally not suitable for systems with nonlinear power amplifiers.
However, QAM, with a large signal constellation, can achieve

extremely high bandwidth efficiency.
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QAM has been widely used in modems used in telephone networks,

such as computer modems. QAM can even be considered for satellite
systems. In this case, however, back-off in TWTA' input and output

power must be provided to ensure the linearity of the power amplifier.

4.1 Criteria of Choosing Modulation Schemes

The essence of digital modem design is to efficiently transmit
digital bits and recover them from noise corruptions and other channel
Impairments. The choice of modulation technique has a direct impact
on the capacity of the digital communication system. It determines the
bandwidth efficiency of a single physical channel in terms of the
number of bits/ second / hertz. The performance of a modulation
scheme can be characterized by the bandwidth of the modulated signal,
Immunity to added noise and the complexity of the modulator /
demodulator hardware. Based on these performance criteria,
a modulation technique has to be chosen for a given application.
How well a modulation scheme performs on a noisy channel is
characterized by the Bit Error Rate (BER). The BER is related to the
signal-to-noise ratio (SNR). For a given BER, say 1073, the modulation
technique that requires the least SNR is the best.
Consideration must be given to achieve the following performance
criteria by which a suitable digital modulation technique can be

selected:
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e High bandwidth efficiency
e High power efficiency
e Low carrier-to-co-channel interference power ratio (CCl)
e Low out-of-band radiation
e Robust to multi-path effects
e Low cost and ease of implementation
e Constant or none constant envelope
— Constant: only phase is modulated
— Non-constant: phase and amplitude modulated

This section covers the relative spectral efficiencies and some
variations of the main modulation types as used in practical systems.
Fortunately, there are a limited number of modulation types which
form the building blocks of any system. The three primary criteria of
choosing modulation schemes are: power efficiency, bandwidth

efficiency, and system complexity.

4.1-1 Power Efficiency

It is the ability of a modulation technique to preserve the fidelity of
the digital message at low power levels. Designer can increase noise
immunity by increasing signal power.
Power efficiency is a measure of how much signal power should be
increased to achieve a particular BER for a given modulation scheme.
In the past both the modulator and demodulator were implemented

completely in hardware, though nowadays, with the advent of digital
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signal processors modulator and demodulator implementations are
software oriented, and hence a lot of software is used.

The bit error rate, or bit error probability of a modulation scheme is

inversely related to Ep/No, signal energy per bit / noise power spectral

density. For example, Pe of ASK in the AWGN channel is given by;

Pe=Q [ 2E, j @.1)

(0}

where Q (y) is the Gaussian integral, sometimes referred to as the Q-

function. It is defined as;

— t —U2
Q(y) ire du (4.2)
which is a monotonically decreasing function of y.
The following table 4.1 illustrates the values of Q (y) and erfc (y)
functions.

Therefore the power efficiency of a modulation scheme is defined

straightforwardly as the required Ep/No for a certain bit error

probability (Pe) over an AWGN channel. Pe = 107 is usually used as

the reference bit error probability.
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Table 4.1 Values of Q (y) and erfc (y) functions

L1 - = 1 -x¥,2
Definiunon: Q(y) J: m e dz

(1) P(X > u, +ycr;)=Q(y)=rﬁ e~ 2 dr
1

2) 2O =

Q(—y)=1— Q)

when » =0

3) Q(y)= yﬁ e~ ¥*2 when y # | (approximation may be used for y > 4)

(8) erfes () 2 %J- e+ dz =20(2y), y >0
v

(5) esfc(y)=1—erf(y)
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0.50 0.3085
0.55 0.2912
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065 02578
0.70 0.2420
0.75 0.2266
0.80 02119
0.85 0.1977
0.90 0.1841
095 01711

1.00

O.15R7

0.0256
0.022R8

NN NN N
'uguw—-
Q [oNeoNe]

W NN
L&

0.0010

0.00069
0.0004 8
000034
0.00023

0.00016
000010
G.00007
Q 005
0.0000 3

_ Area = Qly)

10°32

(")

4

3]
4

78



Chapter 4 Digital Modulation 190

4.1-2 Bandwidth Efficiency

It describes how efficiently the allocated bandwidth is utilized or
the ability of a modulation scheme to accommodate data within
a limited bandwidth.
It is defined as the throughput, measured for any digital modulation
technique as the ratio of the transmission bit rate to the minimum
bandwidth required for a particular modulation scheme, Rp/W (fo/W).
It indicates the number of bits that can be propagated through the
transmission medium for each Hertz of system bandwidth. It is
sometimes called information density or spectral efficiency, often used
to compare the performance of one digital modulation technique to
another.
Assuming the system uses Nyquist (ideal rectangular) filtering at base
band, which has the minimum bandwidth required for inter-symbol
interference-free transmission of digital signals, then the bandwidth at

base band is 0.5 fs, fs is the symbol rate, and the bandwidth at carrier
frequency is W =fs,. Since, fs = f, / log 2 M, for M-ary modulation, the
bandwidth efficiency is;

fo / W =log2 M (4.3)

In binary systems, one transmitted symbol containslbit of

information.The theoretical limit (Nyquist rate), is 2 symbol/s/Hz.
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For binary signals, this means that we can transmit only 2 b/s/Hz. For
fp = 10 Mbps rate, binary transmission system requires a theoretical

minimal BW (Nyquist BW) of 5 MHz, and a practical BW of about

6 MHz. Many system applications require a considerably higher
spectral efficiency than is possible with binary signaling. An increased
spectral efficiency can be achieved by channel encoding (conversion)
of the binary signal into an M-level signal. Binary systems are more
power efficient, but less spectrally efficient than multistate M-ary
systems.

Two equally bandwidth efficient methods for transmitting PAM are;
(1) Single-side band PAM and (2) Quadrature PAM, in which the
information sequence is splitted into two parallel sequences that are
transmitted via PAM on the quadrature carriers Cos mct and Sin oct.
For both methods the required channel bandwidth W is approximately
equal to 1/2T, since 1/T = Rp/ n =Ryp/ log2 M symbol/sec, we obtain

the result,

W=Rp /2log2 M

and the bandwidth efficiency for PAM as measured by the ratio Rp/W
in b/s/Hz;

Rb
w2 1og; M (4.4)
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Example 4.1; to generate an M = 4-level signal, a two bits modulator
(4-PAM) will take two consecutive bits at a time to form a symbol, and
will map the signal amplitude to one of four possible levels, for

example -3 volts, -1 volt, 1 volt, and 3 volts. Thus, the output symbol

rate fs of the M = 4-level signal is calculated as;

fs=1/Ts =1/ 2Tp =fp/ 2. Transmission at the Nyquist rate
(2 symbols/s/Hz) leads to a spectral efficiency of 4 b/s/Hz. Similarly, in

an 8-PAM system, 3 bits form a symbol; that is, Ts = 3 Tp. For this
reason, the theoretical spectral efficiency of an 8-level PAM system is

6 b/s/Hz. Similarly, 16-PAM gives, Ts =4 Tp, with 8 b/s/Hz.

Example 4.2; a- Find the minimum required bandwidth for the base

band transmission of a four level PAM pulse sequence having a data
rate of Rp = 2400 bits/sec. If the system has transfer characteristics

with 100% excess bandwidth.

b- The same 4-ary PAM sequence is modulated onto a carrier wave, so
that the base-band spectrum is shifted and centred at frequency fc. Find

the minimum required DSB bandwidth for transmitting the modulated

PAM sequence, using the same transfer function as given in (a).
Solution; a- M =4 =22 =2", symbol or pulse rate is;

R, 2400
N

Rs = =1200 symbol /sec
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Minimum bandwidth Wy = %2 (1 + a) Rs = ¥2 (2) (1200)
= 1200 Hz
b- Wpsg = (1 + &) Rs = (2) (1200) = 2400 Hz
Example 4.3, It is required to transmit a bit rate of fp, = 90 Mb/s with

an 8-PAM system, then the minimal Nyquist channel BW is;
fn =Tfs/2 = (fp/3)/2 = 90/6 = 15 MHz. Assuming a roll-off (attenuation)

factor of o = 0.2. The filter guard-band attenuation reaches about 50 dB
at;
fo=fn (1+ @) = 15 MHz (1.2) = 18 MHz
The practical spectral efficiency of this system is;
fp / fc =90 Mb/s / 18 MHz =5 b/s/Hz.

This spectral efficiency is 20 % below the ideal spectral efficiency of

Nyquist channel.

4.1-3 System Complexity

System complexity refers to the amount of circuits involved and
the technical difficulty of the system. Associated with the system
complexity is the cost of manufacturing, which is of course a major
concern in choosing a modulation technique.
Usually the demodulator is more complex than the modulator.
Coherent demodulator is much more complex than non-coherent

demodulator since carrier recovery is required. The carrier frequency
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and phase of the received modulated signal must be precisely
established.

Non-coherent (envelope) detection: requires no reference wave. It does
not exploit phase reference information.

Also, it has less complex receiver, but worse performance.

The modulation techniques employed non-coherently are; ASK, FSK,
Differential PSK (DPSK), CPM, and hybrids.

4.2 Trading off Simplicity and Bandwidth

When engineers speak of network bandwidth, they're referring to
the practical frequency limit of a network medium. In serial
communication, bandwidth is a product of data volume (binary bits per
transmitted "word") and data speed (“words" per second). The standard
measure of network bandwidth is bits per second, or bps. There is
a fundamental trade off in communication systems. Simple hardware
can be used in transmitters and receivers to communicate information.
However, this uses a lot of spectrum which limits the number of users.
Alternatively, more complex transmitters and receivers can be used to
transmit the same information over less bandwidth. The transition to
more and more spectrally efficient transmission techniques requires
more and more complex hardware. Complex hardware is difficult to
design, test, and build. This trade off exists whether communication is
over air or wire, analogue or digital.

Figure 4.2 shows three basic binary carrier modulations.
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They are amplitude shift keying (ASK), frequency shift keying (FSK),
and phase shift keying (PSK). In ASK, (OOK), the modulator puts out
a burst of carrier for every symbol 1, and no signal for every symbol 0.
In a general ASK scheme, the amplitude for symbol 0 is not necessarily
0. In FSK, for symbol 1 a higher frequency burst is transmitted and for
symbol 0 a lower frequency burst is transmitted, or vice versa. In PSK,

a symbol 1 is transmitted as a burst of carrier with 0 initial phase while

a symbol 0 is transmitted as a burst of carrier with 180° initial phase.

“nAAL AAARAAL
TV VT

I ]

F5E

S

Figure 4.2 Three basic band pass modulation schemes

Based on these three basic schemes, a variety of modulation schemes
can be derived from their combinations.

For example, by combining two binary PSK (BPSK) signals with
orthogonal carriers a new scheme called quadrature phase shift keying
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(QPSK) can be generated. By modulating both amplitude and phase of
the carrier, we can obtain a scheme called quadrature amplitude
modulation (QAM).

4.3 Digital modulation Applications
The following table 4.2 covers the main digital modulation formats,

their main applications in both wireless communications and video.

Table 4.2 Various digital modulation and its application

Modulation Format | Application

MSK, GMSK GSM, CDPD

BPSK Deep Space Telemetry

QPSK, w/4 DQPSK | Satellite, CDMA, TETRA

OQPK CDMA, Satellite

FSK, GFSK DECT, Paging, AMPS, CT2, Land
mobile, Public Safety

8 PSK Satellite, aircraft

16 QAM Microwave digital radio Modem

32 QAM Terrestrial Microwave

4.4 Amplitude Shift Keying, ASK

In ASK, the base band digital signal is used to modulate the
amplitude of an analogue carrier. One way to perform ASK would be
to transmit the carrier signal with constant amplitude for one level of
digitally encoded base band signal (e.g. NRZ) voltage and sending

nothing for the other level. This is known as a binary ASK where, a bit
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stream of ones and zeros representing the modulating signal, is used to
obtain ASK signal. The binary digit 1 is represented by the presence of
the carrier and digit O is represented by the absence of the carrier.

Figure 4.3, shows the corresponding ASK modulated signal.

Q i

Figure 4.3-a Modulating signal.

Figure 4.3-b ASK signal.

Accordingly, the ASK signal can be mathematically represented by;
S({)=ASinwct forbinary 1 (4.5-3)
St =0 for binary 0 (4.5-b)
Fourier series is used to analyze the binary base band signal to obtain
its components such as;

Sl(t)=1+2{Coswot—1C033a)ot+1C035a)ot—...} (4.6)
2 3 3)

for uni-polar bit stream, but for bipolar bit stream;
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So(t) = 4{Cos w, t—éCosSa)OH;CosSa)o t—..] (4.7)
T

where o, is the fundamental frequency of the bit stream.

Figure 4.4 illustrates the formation of ASK signal that obtained by

multiplying the base band signal by the carrier signal;
Ve(t) = Cos mc t
Then;
Vask = Ve (1) X Si (1)

Vask = Cos mct X

(1+2{Coswot—1Cos3a)ot+1C055a)ot—..}) (4.8-a)
2 3 5

_1 2 2
VAsK = ECosa)Ct+—Cosa)ctCosa)ot—g—Cosa)CtCos3a)ot+....
T T

= 1CoswC t +1Cos(a)C —a)o)t+1Cos(a)C + )t
2 /4 /4

1 1 (4.8-b)
——Cos (o, —3w, )t ———Cos (w, +3w,)t
3z 3z

+iCOS (o, —5a)0)t+1COS(a)C +5w,)t—.....
o 57



Chapter 4 Digital Modulation 199

Carricer

AR

Baseband

ASK

AN NANAA A
VV UV V

Figure 4.4 Formation of ASK-modulated bit stream

Figure 4.5 illustrates the frequency spectrum of the ASK signal for a bit
rate 1/ Tp="To/2=1/2T. Itis possible to use more than two values

for the amplitude of the modulated signal. The bandwidth of ASK
signal which needs to be transmitted depends on the requirement of the

application. Using at least the third harmonic sideband pair

(fc + 3 o), then ASK bandwidth is given by the formula;

BWask = 6 fo = 3 (bit rate maximum) (4.9)
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Figure 4.5 ASK spectrum

ASK is rarely used nowadays at audio and radio frequencies as it is
susceptible to noise, and is not used on cables.

It is used in optical fibre communication because the noise is less.
Obviously spectral efficiency depends on the requirement of system
bandwidth for a certain modulated signal. For example, the one-sided
power spectral density of an ASK signal modulated by an equi-

probable independent random binary sequence is given by;

EéT . Eé
S T(f - f —o(f—f
4 inc? [T ( D+ 4 ( ) (4.10)

w(f)=
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and is shown in figure 4.6, where T is the bit duration, Ec is the carrier

amplitude, and f¢ is the carrier frequency.

Figure 4.6 Power spectral density of ASK.

From the figure we can see that the signal spectrum stretches from - «
to c. Thus to perfectly transmit the signal an infinite system bandwidth
Is required, which is impractical. The practical system bandwidth
requirement is finite, which varies depending on different criteria. For
example, in figure 4.6, most of the signal energy concentrates in the
band between two nulls, thus a null-to-null bandwidth requirement

seems adequate.

4.5 Frequency Shift Keying, FSK

It is a form of frequency modulation in which the modulating signal
shifts the output frequency between predetermined values. In binary
FSK, two signals with different carrier frequencies are used to
represent binary data. Since these carriers have different frequencies,


http://en.wikipedia.org/wiki/Frequency_modulation
http://en.wikipedia.org/wiki/Signalling_(telecommunication)
http://en.wikipedia.org/wiki/Output
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they can easily be distinguished at the receiver. The binary digits are
represented by two different frequencies close to the carrier frequency
as shown in figure 4.7.
A BFSK signal is mathematically represented by;
S;(t)=ASin(2rnf1)t forbinary 1 (4.11-a)
S ()=ASin(2n )t forbinary 0 (4.11-b)

f1 can be fc+ frm and T2 can be f¢ - fm, where f¢ is the carrier frequency

and 2fyy is the frequency deviation.

The simplest way to analyze the FSK modulation is to treat it as two
separate interleaved digit streams- one for the ones and one for the
zeros. Then each is ASK modulated at a different frequency and the
two added to give the complete FSK waveform. This process is shown

in figure 4.8.

Sorial
Lanay
dala

Figure 4.7 FSK signal
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Figure 4.8 Formation of FSK signal as the sum of two ASK signals
So,

VEsk = Cos o1t X S;(t) + Cos mat X Sz (1)

where S; (t) is the complement of Si(t) so that,
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Sz (t) = 1- S1(1).
Therefore ;

VEsk = Cos m1t X

(1+E[Cosa)o t—2 Cos3w,t+= Cos5a, t—--]) + Cos
2 3 S

@2t X (%—E[Coswo t—%CosSa)ot+%C035a)o t—..})
T

++ VFsk =

ECOSa)lt+£Cos(a)1—a)o)t+1COS(a)1+a)o)t
2 T T

—LCOS (o, —Sa)o)t—iCOS (w, +3w,)t
3z 37

ﬁLiCOS(a)1 —5a)o)t+iCOS(a)1 +5w,)t—.....
T S
1 1 1

+—-Cosw, t ——Cos (w, —w,)t ——Cos (w, + w, )t
2 T T

+ = Cos (@, — 3, )t+——C0S (e, +3w,)t
37 3z

—iCos (w, —5a)o)t—iCos (v, +5w, )t +......
T Srx

(4.12)

which is as expected, merely two ASK spectra centred around m; and

®2 and separated by A ® = ®2 — ®1, the frequency shift.
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Figure 4.9 shows this spectrum for a bit rate 1/ Tp of fundamental
frequency fo=1/T=1/2Tp.

Carrer fi- Carreer

> >
Raseband zeros Baschand ones
ASK 2 ASK I

FSK

Figure 4.9 Formation of FSK spectrum

The bandwidth requirement of FSK signal using the third harmonic

sideband pair is given by;

BWrsk =3fo+2 Af+3 15
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=6 Ty + 2 Af
=6 (1/2Tp) +2 Af

BWEgsk =3 (1/Tp) +2 Af

= 3 (bit rate) + 2 Af (4.13)
This bandwidth is larger than that of the ASK signal by the amount of
the frequency shift, which is an unavoidable disadvantage of FSK. But
this is more than compensated by its main advantage which is that it is
much less susceptible to corruption by unwanted amplitude modulation
- due to noise or transients. FSK has the added benefit over the ASK
that if a bit is lost during transmission, it is known that the bit is lost,
since there should always be a carrier signal for zero or one.
The baud rate in this case is again equal to the bit rate. As compared to
ASK, signal synchronization is easier to maintain in FSK. In ASK, it is
possible for the receiver to lose sync with the transmitter when a long

string of no-carrier signals occurs.
Spectral efficiency is calculated as Rp / W.

Example 4.4; For a BFSK signal with maximum frequency 51 kHz,
and minimum frequency 49 kHz, and an input bit rate of 2 kbps,
determine the following;

a- The peak frequency deviation,

b- Minimum bandwidth, and c- Baud rate

d- Spectral efficiency
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e- Write down the FSK waveform equation when the carrier
amplitude is 5 volt
Solution; a- The peak frequency deviation is determined as;
Af = | fmax — Fmin| :\51—49\
2
b- The minimum band width is determined as;

=1kHz

BW:esk =2 (A f + fy) , fm , fa IS the fundamental frequency

BWesk =2 (1000 + 1000) =4 k Hz
c- The baud rate for binary FSK (N =1) is determined as;

baud rate = i: Ty = f, = 2kbps
N 1

d- Spectral efficiency = Rp/BW = 2000/4000 = 0.5 b/s/Hz
e- For the carrier signal with 5 volt amplitude, and frequency,
fo=fmax- A f
fc =51-1=50k Hz, then;
Vesk = Ve Cos 2« [fe £ Af] t
VEsk =5C0s2m[50Xx10°+1x10%]t

Example 4.4"; Calculate the frequency modulation index, deviation
ratio, and BW required to transmit an 1200 b/sec. digital signal, when
fo = 21000 Hz, and f; = 13000 Hz.

Solution; Tone separation = 21000 — 13000 = 8000 Hz = 2 Af,

the frequency modulation index is calculated as;
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g AT _AT 4000 oo
f f 600

m a

when Af is at a maximum, and fn is at a maximum, then the
modulation index is referred to as the deviation ratio, D, so for

an FSK modulator, the deviation ratio, D is given by;

_ Toneseparation _ 8000
bit rate 1200

The required BW is calculated as;

BWFEsk = Tone separation + bit rate = 8000 + 1200 = 9200 Hz.
When the BW is limited to the bit rate, then the receiver will still be
able to recover the original data.

As the deviation ratio is approximately equal to the energy
concentrated in the carrier and the first-order sidebands, it is not

necessary to transmit all the sidebands.

4.5-1 Frequency-Shift Keying Modulator (Transmitter)

The FSK modulator of the modem has the block diagram shown in
figure 4.10. A crystal controlled oscillator provides an accurate clock
frequency which is fed into two divide-by-N circuits. The outputs are
passed though narrow band pass filters tuned to the required

frequencies 1 and f2. The outputs of the band pass filters go to the

inputs of the multipliers. The multiplicands are the binary signal to be

FSK-coded and its complement. Note that the binary signal and its
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complement are used to control the flow of signal from the band pass

filters to the adder. When the binary input is a 1, a signal of frequency
f1 is fed to the adder; f; is cut off. When it is a 0, f1 is cut off and T

appears at the input of the adder.
Binary
it

Divde by | | Bandass

Gyl -
controlad | Adder  ——  Ouiput
e I: |

Divica - by - Bandpass
L == Fh m
V; (1)

Figure 4.10 FSK modulator with a crystal-controlled oscillator driver
The divide-by-N circuits can be realized by using two 12-stage ripple
counters (212 = 4096) with suitable resets to get the required values of

N. The band pass filters can be simple LC-tank circuits with modest Q
factors tuned to 980 Hz and 1180 Hz, respectively. There are several

other schemes which can be used to realize the FSK coder.
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4.5-2 Frequency-Shift Keying Demodulator (Receiver)

A simple FSK demodulator of the modem is shown in figure 4.11.
Two narrow band pass filters are tuned to the two frequencies present
in the FSK signal. Their outputs are used to drive the envelope
detectors. Note that the envelopes of the two frequencies f; and f» are

both square waves.

Oundpass Entvkips
== m =
() Flact
inpt D
Adder  — Thashold (——s CUGWA
i

Biainass Envalopa ::
L B
{fs)

Figure 4.11 FSK Demodulator

The output of one of the envelope detectors is inverted and added to the
other to give the required binary output.

The narrow band pass filters can be LC parallel-tuned amplifiers with
modest Q factors.

There are several modems on the market which use sophisticated
phase-locked loop techniques for both the modulator and demodulator;

most use integrated circuits.
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As said earlier, ASK is the simplest type of digital pass band
modulations. The complexity increases for FSK and further for the
PSK.

If M carriers are used for FSK with M > 2, then we have the M-ary

FSK with the baud rate equal to 1/ n'™" of the bit rate. FSK is used

widely in cable and radio communication systems.

4.5-3 Multi-level FSK

The data throughput can be increased by using more than two
frequencies. Thus using M levels or frequencies, a symbol can
represent logz M bits, i.e.; 4 frequencies will convey 2 bits per symbol.
For 25 kb/s FSK information rate, the data rate required for 4-FSK is
6.25 kb/sec; thus requiring a symbol rate of 3.125 kbps, and use the

four signalling frequencies;

foo = fc — 3 fu/2; offset = - 4687.5 Hz
f10 = fc — fo/2; offset = - 1562.5 Hz
f11 =fc + fu/2; offset = +1562.5 Hz
fo1 = fc +3 fu/2; offset = +4687.5 Hz

the data is shaped using a 10™ order Bessel filter, with a 3 dB point at
4 kHz, so that the carrier oscillator can move smoothly from one
signalling frequency to the next within the symbol period, i.e.,
1/3.125 msec.
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4.6 Phase Shift Keying, PSK

It is the most frequently used digital modulation technique, where,
the data information is imbedded in the phase of the carrier. The two
commonly used PSK techniques are binary PSK (BPSK) and
quaternary (quadrature) PSK (QPSK). PSK modulations with other
alphabets are sometimes used; these are denoted by 8-PSK, 16-PSK,
and so on, with the digit representing the number of phases. BPSK and
QPSK are quadrature modulations and can be viewed as linear
modulations; that is, their transmitted signal can be viewed as
a superposition of independent pulses. In this section, we will focus on
these two modulations and will explore their spectra, error
probabilities, and other properties. Strictly speaking, PSK with M > 4 is

neither quadrature nor linear.

4.6-1 Binary PSK, BPSK,
In BPSK, binary 1 and 0 are represented by two phases of the
carrier, as the phase is measured relative to the previous bit interval, the

baud rate and bit rate are equal. This is because the carrier phase (360
or 2x rad) is equally divided into two halves. Thus the information is

contained in the phase of the modulated signal, that is mathematically,
a BPSK signal is represented by;

Vepsk (t) = A Cos (¢t + 6 (1)) (4.14)
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where, 0 (t) =0 (180) for binary 0

or =180 (0) for binary 1
The same carrier frequency is used for both types of bits (0 and 1) but
the phase is inverted for one or the other as shown in figure 4.12.

0 i 1 L]

Frasas changes whon binary stnlo chandggs

Binary 1 = {
Blrsry 0 = 180

Figure 4.12 BPSK Signal

The bandwidth occupied by BPSK is the same as that of ASK, in
addition to it is less susceptible to noise corruption.

Figure 4.13 shows the BPSK modulator. Note that we now need a
bipolar base band because one phase is merely minus the other (180°
phase change = multiplying by - 1). Multiplies the carrier with it to get
BPSK as follows:
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Figure 4.13 BPSK modulator

Ugpsk = Uc 'S(t)
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T

Cos(w, +m, ) t + Cos(w, —w, )t - %Cos(a)c +3m, )t

2
T

—%Cos(a)c—Sa)o)t+...

(4.15)
which is a series of diminishing sidebands as in figure 4.14
Obviously this is the same spectrum as ASK but without the carrier
(the DSBSC version?) and its bandwidth may be calculated in the same

way, so, if the third harmonic pair are included, we get:

BWoapsk = 3 (bit rate) (4.16)
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As such it has become the only method used for digital transmission on

microwave radio, although it is used at other frequencies too.
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Figure 4.14 BPSK spectrum

Comparing bandwidth efficiency of PSK which equals;

R
sz log, M (4.17)

with that of PAM given by equation (4.4), we observe that PAM is a
factor of 2 better by virtue of the fact that the PAM signal can be
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transmitted by SSB or, alternatively, by use of two independent
quadrature carriers (DSB).
Example 4.5; For a BPSK modulator with a carrier frequency of
70 MHz and an input bit rate of 10 Mbps, determine the following;
a- Maximum and minimum upper and lower side frequencies,
also draw the output spectrum
b- The minimum Nyquist bandwidth,
c- The baud rate.
d- spectral efficiency

Solution; a- The BPSK waveform has the following equation;

Vepsk = Sin (2 7 fa t) x Sin 2 fe 1),

with fa is the fundamental frequency of the base band input signal

Vepsk = Sin [2 w (5 MHZz) t] x Sin [2 &t (70 MH2z) t],
1 1
VBpsK = ECOS 27 (70-5) MHz t - ECos 27 (70 +5) MHz t

Maximum upper side frequencies, USF = (70 + 5) M Hz
Minimum lower side frequency, LSF=(70-5) M Hz
Therefore, the output spectrum will be as shown;

— BWNyquistT 10 MHz —

65 MHz 70 MHz 75 MHz
b- The minimum Nyquist bandwidth;
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BWnyquist = 75 MHz — 65 MHz = 10 MH z

c- The baud rate = Symbol rate = baud per sec.
f, 10M Hz

= b= " —10MHz
baud rate N 1
or Symbol rate = 10 M baud

For Binary modulation, baud rate = bit rate, bps. However, in
multilevel modulation the bit rate is always greater than the baud rate.
For BPSK,

fo= BW x N = 10 x 10°% 1 = 10 mega baud = 10" bps.

d-The theoretical spectral efficiency of BPSK modems is;

1 b/s/Hz. So BPSK is more efficient than BFSK system.

Using practical filters with approaching a roll-out factor of 0.3,

a spectral efficiency of 1 b/s/Hz /(1.3) = 0.77 b/s/Hz is achieved.
For coherent demodulation of BPSK signal a carrier frequency that is
in synchronism with the received modulated wave is required. The
carrier recovery (CR) system provides the receive multiplier with
a sinusoidal frequency that has exactly the same frequency and the

same phase as the transmitted un-modulated carrier wave.

The band limited received IF signal, Vepsk(t), is multiplied by the

recovered carrier wave K Cos mct as shown in figure 4.15. The

receiver multiplier, followed by a LPF performs the coherent phase

demodulation process. The received signal is described as;
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Vepsk (1) = I(t) = Cr Cos [oct + O (1)] (4.18-a)

Where Cy is the peak amplitude of the modulated carrier.

Regenerator
Demodulator Threshold
(time-domain mu!tiplier) datinshr |
@ @ () ) @ @ g @ f t;(l)
BPF X LPF - Data
\/ plt) qlt) AD ‘ out
K cos \.“l Phase
@ comparator
| CR |} L—| STR | |—
Figure 4.15 BPSK demodulator
The output of the multiplier is given by;
P (t) = I(t) k Cos wct
= Cr k Cos [mct + 0 (t)] Cos oct (4.18-b)

. P(t) =% Crk Cos [oct + O (1) - ooct] +
Y5 Cr k Cos [oct + O (t) + oct]

=% Crk Cos [0 (t)] +¥2 Cos [2 oct + O (1)] (4.18-¢)



Chapter 4 Digital Modulation 219

The receiver LPF removes the double-frequency spectral components.

At the threshold comparator input, we have;

q(t) =Y¥2 Crk Cos [0 (1)] (4.18-d)
In equation (4.18-d), Cr k / 2 represents a gain constant, while

Cos [0 (1)] is the time-variable band limited base band signal.

For O (t) = 0° or 180° this signal equals +1 or -1, respectively. Finally,
the one-bit A/D converter (threshold comparator) provides the digital
output 6(t).

In terms of performance, ASK and FSK require twice as much power
to attain the same bit error rate performance as phase shift keying
(PSK). Consequently, the vast majority of mobile-satellite systems
employ PSK.

In addition to the two advantages of PSK, the Bandwidth is reduced by
multilevel schemes. All these make PSK a very desirable method for
some applications - high bit rates and high carrier frequencies, for
example.

In a multi-phase PSK (called M-ary PSK), the carrier phase may be
divided into M equal parts. For M equal divisions of the phase, each of
the M resulting signals will have one of the M values of phases

between 0°and 360°. In M-ary PSK, the bit rate would be n times the

baud rate, N = logz (M).
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4.6-2 Quadrature PSK, QPSK
It is a special case of MPSK, in which M = 4. Therefore, the carrier

phase is divided into four distinct phases with difference of
[360 / M]° = 360/4 = 90° between adjacent signal phases. In this case,

each symbol represents logz 4 = 2 bits. Two bits in the bit stream are
taken, and four phases of the carrier frequency are used to represent the

four combinations of the two bits; 11, 10, 00, and 01 such as;
S (t) = Ec Sin (ot +45°)  for binary 11
S (t) = Ec Sin (wct + 135°)  for binary 10
S (t) = Ec Sin (wct + 225°)  for binary 00
S (t) = Ec Sin (wct + 315°)  for binary 01 (4.19)

Figure 4.16-a shows the modulator of the QPSK signal. The outputs of

both Balanced modulators are BPSK signals. The | multiplier output

signal has phase 0° or 180° relative to the carrier, and the Q multiplier

output signal has phase 90° or 270° relative to the carrier. The

multiplier outputs are then summed to give a four-phase signal. Thus

QPSK can be regarded as two BPSK systems operating in quadrature.

Note that either 90° or 180° phase transitions are possible. As an

example, a 180° phase transition would occur when the 1Q digit
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combination changed from 11 to 00. For unfiltered QPSK signal, phase
transitions occur instantaneously and the signal has a constant-
amplitude envelope. However, phase changes for filtered QPSK signals

result in a varying envelope amplitude.

1 Channet /2 . Balanced £ S et
Logic1=+1V modulator
LogicO=-1V
Bandpass
” ; ‘ :
amdlar'va] ;‘:U sin ot filtes
Refarence
carner
oscillator 1
1 . (sin wt) QP‘;-KL
B Unear outpu
epator summer BPF
a
20" phase
shift
Bit ) e Bandpass
clock COS it Bl

Legicl=+1V
Legic0~--1V | Bgalanced
Q channel fi,/2 modulstor +008 @t

Figure 4.16-a QPSK modulator
The permitted values for the complex envelope are illustrated by the
QPSK signal constellation shown in figure 4.16-b. The signal
constellation is a plot of the permitted values for the complex envelope.
QPSK may be generated by using the quadrature generation technique
of figure 4.16-a, where the base band signal processor is a serial-to-
parallel converter that reads in two bits of data at a time from the serial
binary input stream, and outputs the first of the two bits to I channel

and the second bit to Q channel. If the two input bits are both binary
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ones, (11), then I channel is Ec and Q channel is Ec. This is represented
by the top right-hand dot for S(t) in the signal constellation for QPSK
signaling in figure 4.16-b

it T[ll:q:ln.a:l.'_,-' [uadratura]
(011 i ARp T o 11
gitl
1 1
T T
- A it
Raal
[In phass)
- Fim—— .

(dy QEFEK Eignal Constsllation
Figure 4.16-b. QPSK signal constellation

Likewise, the three other possible two-bit words, (10), (01), and (00),
are also shown. The QPSK signal is also equivalent to a four-phase
phase-shift-keyed signal (4PSK) since all the points in the signal
constellation fall on a circle where the permitted phases are 6(t) = 45,
135, 225, and 315. There is no amplitude modulation on the QPSK
signal since the distances from the origin to all the signal points on the

signal constellation are equal.
In particular, a 180° phase change results in a momentary change to

zero in envelope amplitude. The QPSK signal at the modulator output
Is normally filtered to limit the radiated spectrum, then transmitted over

the transmission channel to the receiver input. Because the | and Q
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modulated signals are in quadrature (orthogonal), the receiver is able to
demodulate and regenerate them independently of each other, operating
effectively as two BPSK receivers. The regenerated | and Q streams are
then recombined in a parallel-to-serial converter to form the original
input data streams; however, this stream is of course subject to error
because of the effects of noise and filtering. The following figure 4.16-
¢ illustrates the demodulation of QPSK signal.

The unfiltered (constant envelope) QPSK signal is shown in figure
4.16-d. QPSK provides twice the data throughput in the same
bandwidth compared to BPSK. This is because the symbols in each
guadrature channel occupy the same spectral space and have half the
spectral width of a BPSK signal with the same data rate as the QPSK

signal.
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Example 4.6; For a QPSK modulator with a carrier frequency of
70 MHz and an input bit rate of 10 Mbps, determine the following;
a- The minimum double-sided Nyquist bandwidth, fy
b- The baud rate.

c- Compare the results with those achieved with the BPSK

modulator in example 4.5
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Solution; a- The bit rate in both the I and Q channels is equal to one-

half of the transmission bit rate, or;

be:be — fb :lOM bpS =5M bpS
2 2
The highest fundamental frequency ;
f
f,=—29 = fo _5M bps:2.5I\/| bps
2 2 2

The output waveform from either balanced modulator is;

Vopsk =Sin 27 fat) x Sin @7 fc 1),
Vaopsk = Sin [2 T (5 MHz) t] x Sin [2 7T (70 MHz) 1],

1 1
VQPsK = ECOSZ T (fc—fa)t - E Cos2Tm (fc + fa) t
1 1
VQPSK=ECOS 21 (70-2.5) MHz t - ECOS 2w (70+2.5) MHz t

1 1
Vopsk = ECOS 27 (67.5) MHz t E Cos 2 (72.5) MHz t
a-The minimum Nyquist bandwidth;

BWnyquist = 72.5 MHz — 67.5 MHz =5 MHz

The minimum bandwidth for the QPSK can also be determined by

simply using the equation;

BWQPSK: fb :lOM Hz
N

b- the symbol rate equals the bandwidth; thus;
Symbol rate =5 M baud
Therefore, the output spectrum will be as shown;

=5M Hz
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— BW Nyquist — 5 MHZ —>

67.5 MHz 70 MHz 72.5 MHz

It can be seen that for the same input bit rate the minimum bandwidth
required to pass the QPSK modulated signal is half that required for the
BPSK modulated signal. Also, the baud rate for the QPSK modulator is
one-half that of the BPSK modulator. Because of this, it is very popular
in systems where bandwidth is at a premium. Phase shift keying (BPSK
and QPSK) is extensively used in wireless radio communication

systems and telephone network.

4.6-3 Offset-keyed-QPSK, OQPSK

A block diagram of an offset-keyed QPSK system is shown in figure
4.17-a. This block diagram is very similar to that of QPSK. The
difference lies in the data transitions between the | and Q streams as
they enter the multipliers. The incoming data stream is applied to a
serial-to-parallel converter. One of the converter output streams, the Q
stream, is then offset with respect to the other by delaying it by an
amount equal to the incoming signal bit duration,

Th = Ts/2. Figure 4.17-a shows the serial NRZ data stream {Sk} IS
converted serial-to-parallel (S/P) and becomes two parallel data

streams, {ak} and {bk}. A differential encoder_(diff. enc) may be inserted
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into the modulator. This encoder, with diff. decoder at the receiver, is
required if the carrier recovery circuitry introduced a phase ambiguity.
The S/P converter assures that the | and Q data streams are
synchronous. The Tp = Ts/2 delay element is inserted if OQPSK
modulation is required. This delay line does not change the
synchronous relationship needed between the | and Q channels. When
the VCO is not locked (in synchronism) to an integer multiple of the
data rate, the system performance degradation is very small
(<0.1dB).

I channel
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K, = Ky2
Ly 4 cos I
cos 2T | R
Uasc b , Series w paralldd _{‘ r'n':wr | SK, R, = &y 4
banary dita CoAverss @ y || splitter (OPSK, B, = iy = LTy)
R = 1 (hitis) 21 Delay
1
I_ im T
R, =Ry rlzu:_lu_]-l|| t— 77 S 2!
7} X
1 1
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(OCFSE only)
by = |
() chazaz|

Figure 4.17-a schematic for QPSK (OQPSK) modulator

When the incoming{Ck}and {dk} data rates are asynchronous

(independent of each other), as shown in figure 4.17-b, and are
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fluctuating around specified bit rates. It is frequently advantageous to
modulate directly the | and Q data streams. In this case the QPSK
modulator provides, in effect an asynchronous multiplexing scheme.
If the data streams are band limited with a LPF before modulation, this
scheme is known as a two-level QAM modulator.
With advancements in microchip technology, systems using MPSK for
M > 4 are easily available these days.
This results in the relationship between the | and Q streams and the
input data stream shown in figure 4.17-b.

3 4 & 7 % 0 10 1 a2
I Q 1 Q@ @ @1 @ 1 @0 Q
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L [ 1 |
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| T T T T
QOOQFSK) 2 | 4 6 | & | w ;o o1z}
I i H ; !
.
Ty, nffset

Figure 4.17-b Relationship between the | and Q streams and the input
data stream

The resulting instantaneous phase states at the modulator output are the

same as for QPSK. However, because both data streams applied to the
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multipliers can never be in transition simultaneously, only one of the

vectors that comprise the offset-keyed quadric-phase modulator output
signal can change at any one time. The result is that only 90° phase

transitions occur in the modulator output signals.

Like QPSK, an unfiltered OQPSK signal has a constant-amplitude
envelope. However, for filtered OQPSK signals, the result is

a maximum amplitude envelope variation of 3 dB (70 %) compared to
the 100% amplitude envelope variation for conventional QPSK
systems. This lower-amplitude envelope variation imparts certain
advantages to OQPSK as compared to QPSK in both non-linear
satellite and also line-of-sight microwave systems. For example, when
a band limited OQPSK signal is transmitted through an amplitude-
limiting device, there is only partial regeneration of the spectrum
amplitude back to the unfiltered level. For QPSK under the same
circumstances, however, there is an almost complete regeneration to
the unfiltered level. The receiver is identical to that of QPSK, with the

exception that the regenerated | data stream is delayed by a unit bit
duration Tp = Ts/2, so that when combined with the regenerated Q

stream, the original “input data” stream is recreated. Of course, this is
subject to error because of the effects of noise and filtering.
Figure 4.17-c shows the Schematic for QPSK (OQPSK) demodulator.
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Figure 4.17-c Schematic for QPSK (OQPSK) demodulator.
4.6-4 8- PSK

It is @ modulation technique can be viewed as an extension of the

QPSK system. In the classical 8-PSK modulator block diagram, shown

in figure 4.18, the fp rate data are split into three binary parallel

streams, each having a transmission rate of fb/3. The two-level to four-

level converter provides one of the four possible levels of a polar base

band signal at a and b.

If the binary symbol A is a logic one (zero), then the output level A has

one of the two possible (positive, negative) signal states.
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Figure 4.18 8-PSK modulator block diagram

converier

modulator

The logic state of the C bit determines whether the higher or lower

signal level should be present at A or at B. When C = 1, the amplitude

of A is greater than that of B; if C = 0, the converse is true. The four-

level polar base band signals at a and b are used to DSB-SC amplitude

modulate the two quadrature carriers.

A modern approach to the design of an 8-PSK modulator of high speed

(120 Mb/s) transmission, using only digital devices, is illustrated in

figure 4.19.
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Figure 4.19 High speed 8-PSK modulator using digital subsystems.

The fp rate input binary base band information is serial-to-parallel

converted in the data distributor unit. These parallel f,/3 rate data

streams switch on and off the logic gates of the high-speed
commutative IF multiplexer.

Depending on the base band logic states, one of the eight digital IF
vectors is connected to the digital IF output. This digital phase-shifted
8-PSK carrier is filtered by means of a conventional BPF; thus a band
limited 8-PSK signal is obtained.8-level PSK is used at audio

frequencies to get 4800 bits per second into a 4 kHz voice frequency
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channel with a carrier of 1800 Hz occupying most of the useful channel
(300 to 3400).
At gigahertz radio frequencies the requirement is for bit rates in the
megahertz range for both terrestrial (16-QAM standard) and satellite
(QPSK standard) links which mean, respectively, 4 and 2 bits per
symbol, so increasing information rates for a given bandwidth.
Example 4.7; For a 8-PSK modulator with a carrier frequency of
70 MHz and an input bit rate of 10 Mbps, determine the following;

a- The minimum double-sided Nyquist bandwidth, fy

b- The baud rate.

c- Compare the results with those achieved with the BPSK and

QPSK modulators in examples 4.5, 4.6.

Solution; a- The bit rate in the I and Q, and ¢ channels is equal to one-

third of the input bit rate, or;
f, 10M bps

foc = fog =fhi = = 3.33 M bps.

Therefore the fastest rate of change and the highest fundamental
frequency presented to either balanced modulator is;
‘¢ foc _ Too _ T _3.33M bps

2 2 2
The output waveform from the balanced modulators is;

=1.667 M bps

Vsg.psk = Sin (27 fa t) x Sin (2 7t ¢ 1),

Vg.psk = Sin [2 7 (1.667 MHz) 1] x Sin [2 7T (70 MH2) 1],



Chapter 4 Digital Modulation 234

1 1
Vsg-psk = ECOS 2T (fc—fa)t- E Cos2m (fc +fy)t
1 1
V8-PSK:5COS 27 (7/0-1.667) MHzt - E Cos 27 (70+1.667) MHzt

1 1
Vg.psk = Ec:os 2T (68.333) M Hzt - > Cos 2w (71.667) M Hzt

b-The min. Nyquist bandwidth
BWnyquist = (71.667 — 68.333) MHz = 3.333 MHz
The minimum bandwidth for the 8-PSK can also be determined by
simply using the equation;
f, 10M Hz
N
c- The symbol rate equals the bandwidth; thus
Symbol rate = 3.333 M baud

Therefore, the output spectrum will be as shown;

BWs.psk = =3.33M Hz

68.33 MHz 70 MHz 71.667 MHz

It can be seen that for the same input bit rate the minimum bandwidth
required to pass the output of the 8-PSK modulator is equal to one-third
of that required for the BPSK modulator and 50 % less than that
required for the QPSK modulator. Also, in each case the baud rate has

been reduced by the same proportions.
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4.6-5 16-ary PSK

It is an M-ary encoding technique where M = 16. Four bits (quad bits)
are combined, N = 4, producing 16 different output phases. Therefore

the minimum bandwidth and baud equal one-fourth the bit rate (f/ 4).
It is clear that as the level of encoding increases (the values of N, and

M), more output phases are possible. With 16-PSK, the angular

separation between adjacent output phases is only 22.5°. there,

16-PSK can undergo only a 11.5° phase shift during transmission and
still retain its integrity.

Increasing M levels further causes limitation in the level of encoding
and bit rate possible with PSK, as a point is eventually reached where
receivers can not discern the phase of the received signalling element.
In addition, phase impairments inherent on communications lines have
a tendency to shift the phase of the PSK signal, destroying its integrity

and producing errors.

4.7 Quadrature-Amplitude Modulation, QAM

QAM is a form of digital modulation similar to PSK except the
digital information is contained in both the amplitude and the phase of
the transmitted carrier; for this reason, the term amplitude phase keying
Is also used.

With QAM, amplitude and phase-shift keying are combined in such



Chapter 4 Digital Modulation 236

a way that the positions of the signalling elements on the constellation
diagrams are optimized to achieve the greatest distance between
elements, thus reducing the likelihood of one element being
misinterpreted as another element. Obviously, this reduces the
likelihood of errors occurring.

4.7-1 8- QAM

It is an M-ary encoding technique, (M =8, N = 3). Unlike 8-PSK, the
output signal from 8-QAM modulator is not a constant-amplitude

signal.

4.7-2 16- QAM
It uses L = 4-level base band streams. Also, both the phase and the
amplitude of the transmitted carrier are varied. The block diagram for

a QAM-SC modulator is shown in figure 4.20-a.
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Figure 4.20-a M-ary QAM modulator block diagram
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The phase constellation of 16-QAM is illustrated in figure 4.20-b.
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Figure 4.20-b. Phase constellation of 16-QAM

If an M = 16-ary QAM modulated signal having a theoretical efficiency
of 4 b/s/Hz is desired, these commuted binary streams converted into

L = 4-level base band streams.

For the above example, the resultant 4-level symbol streams of the |
and Q channels are (5 Mb/s) / logz 4, or 2.5 M symbols/s. If a pre

modulation LPFs are used, then the minimum bandwidth (Nyquist
bandwidth with o = 0) of these filters is 1.25 MHz. The minimum IF

bandwidth requirements is identical to the double-sided minimum base
band bandwidth (i.e., 2.5 MHz). This example illustrates that
a 10 Mb/s, M = 16-ary QAM signal can be transmitted in a theoretical

minimum bandwidth of 2.5 MHz; thus, a spectral efficiency of
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4 b/s/Hz has been obtained. Practical, high-speed, 400-Mb/s, 16-ary
systems have been achieving a bandwidth efficiency of approximately
3.7 b/s/Hz.

The fp rate binary source is commuted into two binary symbol streams,
each having a rate of fp/2. The following 2-to-M-level base band

converter converts these fp/2 rate data streams into L-level PAM
signals having a symbol rate of;

fs=(fo/2) / log2 L symbols/sec. (4.20)
For example, if the source bit rate is fp = 10 Mb/sec, then the
commuted binary base band streams have an fb/2 = 5 Mb/s rate.

The spectral efficiency and Pe performance of the QAM system is

identical with that of QPSK systems. As an example indicates spectral
efficiencies that are achieved in some practical radio systems.

The TDMA version of the North American Digital Cellular (NADC)
system, achieves a 48 K bits-per-second data rate over a 30 kHz
bandwidth or 1.6 bits per second per Hz. It is a /4 DQPSK based
system and transmits two bits per symbol.

Another example is a microwave digital radio using 16-QAM. This
kind of signal is more susceptible to noise and distortion than

something simpler such as QPSK. This type of signal is usually sent
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over a direct line-of-sight microwave link or over a wire where there is
very little noise and interference. In this microwave-digital-radio
example the bit rate is 140 M bits per second over a very wide
bandwidth of 52.5 MHz. The spectral efficiency is 2.7 bits per second
per Hz. To implement this, it takes a very clear line-of-sight
transmission path and a precise and optimized high-power transceiver.
Example 4.8; For a 16-QAM modulator with a carrier frequency of
70 MHz and an input bit rate of 10 Mbps, determine the following;

a- The minimum double-sided Nyquist bandwidth, fy

b- The baud rate.

c- Compare the results with those achieved with the BPSK, QPSK,

and 8-PSK modulators in examples 4.5, 4.6, and 4.7,

Solution; a- The bit rate in the I, I', Q and Q', channels is equal to one-
fourth of the input bit rate, or;
f, 10M bps
4 4

Therefore the fastest rate of change and the highest fundamental

=2.5 M bps.

for = for =foo = fog' =

frequency presented to either balanced modulator is;

_ For o foo _ fog: _2.5M bps

=1.25M bps The
& 2 2 2 2 P

output waveform from the balanced modulators is;

Vi6-0am = Sin (2 fat) x Sin (2 7 fct),
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V16-0am = Sin [2r (1.25 MHz)t] x Sin [2r (70 MHz)t],

V16-QA|\/| =%COS 27 (fc - fa)t '% Cos2Tm (fc + fa)t

V16-QAM =%C0827t(70-1.25) MHzt -%COSZn(70+1.25) MHzt

1 1
V16-QAM ZECOS 21 (68.75) MHzt - ECOSZ 7t (71.25) MHzt

b-The min. Nyquist bandwidth;

BWnyquist = (71.25 — 68.75) MHz = 2.5 MHz
The minimum bandwidth for the 16-QAM can also be determined by
simply using the equation;

f, :1OM HZ:2.5M Hy

BWi6-0am =

c- The symbol rate equals the bandwidth; thus
Symbol rate = 2.5 M baud

Therefore, the output spectrum will be as shown;

— BW NyquiSTz.5 MHz —

68.75 MHz 70 MHz 71.25 MHz
It can be seen that for the same input bit rate the minimum bandwidth
required to pass the output of the 16-QAM modulator is equal to one-
fourth of that required for the BPSK modulator, one-half that of QPSK,



Chapter 4 Digital Modulation 241

and 25 % less than that required for the 8-PSK modulator. Also, in each

case the baud rate has been reduced by the same factors.

4.7-3 64- QAM

It is an M-ary encoding technique of 64 state (8x8) QAM, (M =8,
N = 3). Unlike 8-PSK, the output signal from 8-QAM modulator is not
a constant-amplitude signal.
Also, with 256-QAM signal has 256 state (16x16), (M =16, N = 4).

Both the phase and the amplitude of the transmitted carrier are varied.
Example 4.9; for 256-QAM signals with fp = 1.6 Mbps transmission
rate is used. The 256-state (16 x 16) QAM signal, contains 16 base

band levels in the in-phase, I, and 16 levels in the quadrature, Q,
channels, respectively. Each level is formed by 4 bits. For our example

the symbol rate of the I-channel (or Q-channel) demodulator is;

fs = 1600 kb/s / 2 (number of channels) / 4 (bits / symbol)

= 200 k symbols/sec = 200 k baud, fN =100 kHz.

Theoretical bandwidth efficiency limits; The following table 4.3
shows the theoretical bandwidth efficiency limits for the main
modulation techniques. These figures cannot actually be achieved in
practical radios since they require perfect modulators, demodulators,

filter and transmission paths. If the radio had a perfect (rectangular in
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the frequency domain) filter, then the occupied bandwidth could be

made equal to the symbol rate.

Techniques for maximizing spectral efficiency include;

* Relate the data rate to the frequency shift (as in GSM).

» Use pre-modulation filtering to reduce the occupied bandwidth.
Raised cosine filters, as used in NADC, PDC, and PHS give the best

spectral efficiency.

* Restrict the types of transitions.

Table 4.3 Theoretical bandwidth efficiency limits for the main
modulation techniques.

Modulation | Encoding | Output Min. Baud rate BWN
Scheme possible | bandwidth
N bits M level W Hz

ASK 1 2 fi fi 1
FSK 1 2 fi fi 1
BPSK 1 2 fi fi 1
QPSK 2 4 |fy/2=6000 | fy/2 2
8-PSK 8 8 fo/ 3=4000 | fy/3 3
8-QAM 3 8 fo/ 324000 | fy/3 3
16-QAM 4 16 | fy/4=3000 | fh/4 4
16-PSK 4 16 | fy/4=3000 | fh/4 4
32-PSK 5 32 fo/5 fo/5 5
32-QAM 5 32 fu/5 fu/5 5
64-PSK 6 64 fo/6 fo/6 6
64-QAM 6 64 fo/6 fo/6 6
128-PSK 7 128 fol7 fol7 7
128-QAM 7 128 fo/7 fu/7 7
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Note that for values of N > 1, the number of output conditions
increases, and the minimum bandwidth and bauds decreases. Therefore,
digital modulation schemes with N > 1 achieves bandwidth
compression (i.e., less bandwidth is required to propagate a given bit
rate). When data compression is performed, higher data transmission

rates are possible for a given bandwidth.

4.8 Minimum Shift keying, MSK
Many data sets operating in the range 50 b/s to 1 Mb/s use non-

coherent FSK modems. Non-coherent demodulators are simpler but

require a higher Ep/No than coherent systems as shown in figure 4.21".

102 T T % T T T T T

=5

102 L % Noncoherent

1 (A | Ll ‘l

Plel

107 % E
&

Ll

3 “ 5 & 7 3 9 10 s Ji2 12 13 14

Eb/No
Figure 4.21' Comparison between coherent and non-coherent FSK demodulator
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Since any higher Ep/No requirement than the minimum possible is not

acceptable for power-constrained communication systems, non-
coherent FSK is not acceptable. The coherent FSK modulation /
demodulation method, known as MSK or fast frequency shift keying,
FFSK, has a good performance. MSK is a binary form of continuous
phase frequency shift keying (CPFSK). It is a particularly spectrally
efficient form of coherent frequency-shift keying, as it has a narrower
spectrum than wider deviation forms of FSK. The width of the
spectrum is also influenced by the waveforms causing the frequency
shift.

The GSM digital cellular phones use MSK, where the peak frequency
deviation is selected to produce orthogonal waveforms for binary one
and binary zero data. (Digital phones use a speech codec to convert the
analog voice source to a digital data source for transmission over the
system.) Orthogonality occurs when Af = 1/4R, where R is the bit rate.
Actually, GSM uses Gaussian shaped MSK (GMSK). That is, the
digital data waveform (with rectangular binary one and binary zero
pulses) is first filtered by a low-pass filter having a Gaussian shaped
frequency response (to attenuate the higher frequencies).

This Gaussian filtered data wave form is then fed into the frequency
modulator to generate the GMSK signal. This produces a digitally
modulated FM signal with a relatively small bandwidth.
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The theoretical spectral efficiency of MSK systems is 2 b/s/Hz. The
logic state 1 corresponds to transmit frequency f2 (f1), while logic state
0 (-1) to f1 (f2). The frequency deviation is given by;

f,—f, 1

Af= _
2 4T (4.21)

where Tp is the unit bit duration of the input data streams.

Note that a coherent relation between the transmitted frequencies and
the bit rate is required such that; in MSK the difference between the
higher and lower frequency deviation is equal to half the bit rate.

For this reason, the MSK demodulator is usually a coherent quadrature
detector, similar to that for QPSK. In this case, the error rate
performance is the same as that of BPSK and QPSK.

An implementation method of the MSK modulator is shown in

figure 4.21-a.
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Figure 4.21-a. Block diagram of an MSK modulator

The un-modulated carrier of frequency fc is multiplied by both the in-
phase and quadrature base band signals. The serial-to-parallel
converted data are fed into the sinusoidal pulse-shapers. In the base

band I channel the pulse shaper generates a Cos [+ 7 t/2T,] pulse

sequence, while in the Q channel the offset delay Tp in conjunction

with the pulse shaper, provides the pulse sequence given by;
Cos | + M =Sin | + ”_t
-2T, - 2T,

The sinusoidal pulse shapers could be implemented as non-linearly

switched filters.
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The sinusoidal pulse shaping means that the modulator output has
either a positive or negative linear phase-change rate relative to the
carrier depending on the input data.

The amplitude and phase of the output signals of the modulating
multipliers is such that the sum of these signals (which is the un-
filtered MSK modulated signal) has a constant-amplitude envelope
carrier signals (i.e., time invariant).

This is a desirable characteristic for improving the power efficiency of
transmitters. Amplitude variations can exercise non-linearity in an
amplifier’s amplitude-transfer function, generating spectral re-growth,
a component of adjacent channel power. Therefore, more efficient
amplifiers (which tend to be less linear) can be used with constant-
envelope signals, reducing power consumption.

The MSK demodulator operates in the same manner as the QPSK
receiver described earlier. However, different filtering is required to
ensure ISI-free transmission.

A frequency shift keying signal, Vesk(t), can be considered as the
transmission of a sinusoid, the frequency of which is shifted between

the following two frequencies;
fi=fe-Af=fc—YaTy

fo=fot+ Af=fc+% T (4.22)

It is described by;
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VEsk () = A Cos [27(f, £ Af)t]
= A Cos [+ 27z(Af)t] Cos [27(f, )t]
—~ASin[x2 z( Af)t]Sin[2 #(f, )t] (4.23)
Thus the MSK signal Vsk(t) is;
Vmsk (t) = A Cos [+ 7 t/2T,] Cos [27(f )t] -
A Sin [+ 7 t/2T,]1Sin [2 #(f, )t] (4.24)
As a result, the waveforms used to represent a 0 and albit differ by
exactly half a carrier period as shown in figure 4.21-b. This is the
smallest FSK modulation index that can be chosen such that the

waveforms for 0 and 1 are orthogonal.
Figure 4.21-c shows the schematic of MSK demodulator.


http://en.wikipedia.org/wiki/Modulation_index
http://en.wikipedia.org/wiki/Orthogonal
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4.9 Gaussian Minimum Shift Keying

GMSK is a derivative of MSK where the bandwidth required is
further reduced by passing the modulating waveform through a
Gaussian filter so, the modulation method is referred to as GMSK. The
Gaussian filter minimizes the instantaneous frequency variations over
time. GMSK has a constant envelope, good BER performance and is
self-synchronizing, spectrally efficient modulation scheme. It is
particularly useful in GSM mobile radio systems. Generation of GMSK
iIs illustrated in figure 4.22. Figure 4.23 illustrates typical modulated
carrier waveforms for three systems; MSK, OQPSK and QPSK. The

binary data rate in each case is 1/Th.

Laywgeans
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|||":I|l.-||]||-:';|.||'|'|||||.l-1||||||I|-'|I"_'I‘.“'="-|'r‘=!.rrI
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Figure 4.22 (a) Generation of GMSK, (b) MSK and GMSK phase
trajectories for typical bit sequences with the MSK
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Phase transitions in QPSK occur only every 2 Tp seconds (i.e.,

a multiple of the symbol duration), whereas for MSK, transitions may
occur every Tp seconds.

In QPSK, abrupt + 90° phase transitions and phase reversals of + 180°
are possible. In the MSK case the carrier phase varies linearly over Tp

seconds in 7t/2 increments and is continuous phase waveform.

{part ol

—90° phase shift +90° phase shift

\ N\ ¥ :
o \/ T 27 \/3‘ \/41

—90° phase shift +920” phase shift

e X, Bl B N PR I
=Y W YNV ¥V -

+ Q07 phcxse shift

No dota fransitions

+ Sinﬁcse shift
ANI/ANAN

- - -

. A 1. 4 /
JAVARVAVARVARVEIAV

—20° phase shift

{part b)

Figure 4.23 MSK modulation: (a) generation of MSK via quadrature
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modulation, and (b) typical modulated carrier waveforms
for; MSK, OQPSK and conventional QPSK.

4.10 Performance of Digital Communication Systems in the
presence of Noise

In digital communication system, Ex/No is the more often parameter
used to describe the system performance in the presence of noise. Eyp is

bit energy can be described as signal power S times the bit time Tp. No
IS noise power spectral density, and can be described as noise power N

divided by BW W. Since the bit time and bit rate Ry are reciprocal, so;

E, SxT, S/R, S (W (4.25)
N N/W N/W NI|R,

o

En/No is one of the most important metrics of digital communication

systems performance.

It is a standard quality measure for the quality of these systems.

The reason for using the bit energy to describe the digital signal is that;
A power signal (analog waveform) is described as a signal having finite
average power and infinite energy, and the energy signal (digital
waveform) is that signal having zero average power and finite energy.
This classification is useful in comparing analog and digital
waveforms. The analog waveform is considered as having infinite
duration that corresponding to infinite amount of energy, hence, energy

Is not a useful way to characterize the analog waveform.
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Power (rate of delivering the energy) is a more useful parameter for
analog waveforms. However, in a digital communication system a
symbol is transmitted (and received) by using a transmission waveform
within the symbol time Ts. Focusing on one symbol, the power
(averaged over all time) goes to zero. Hence, power is not a useful way
to characterize a digital waveform.

The symbol energy (power integrated over Ts) is a more useful
parameter for characterizing digital waveforms.

Figure 4.23 shows the variation of the probability Pe versus En/No,

where for Ep/No > Xo, Pe < Po.
Pp

For Ey/Ng = x0, P < Po

@_ﬁ(&')
P (S No N\R

Eh/NO

Figure 4.23 Pe versus Ep/Ng
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The required Ey/N, can be considered a metric that characterizes the
performance of one system versus another; the smaller the required
En/No, the more efficient is the detection process for a given Pe.

The SNR in a PAM signal depends on the form of the receiver. If the
receiver simply samples the received waveform at periodic points in

time, the sample values are;

r(nTs) =S (nTs) + n (nTy) (4.26)
where n(t) is the additive noise. The SNR is then;
s_s
N n? (4.27)

The numerator of equation (4.27) is the average signal power, while the
denominator is the average noise power.
If the channel can be modeled as an ideal LPF, the noise power is
simply NoW.

For PAM the probability of symbol error is calculated as;

PM:M—_lerfc{\/ :23 EnEbjj
M M“-1{ N, (4.28)

The penalty in increasing the number M of signaling waveforms is loss

in average SNR per bit of approximately 4 dB for M = 4, and for large
M, the penalty approaches 6 dB for every factor of 2 increase in M.
The Power efficiency of PAM signal is calculated as;

3o,
Mpower,PAM = M2_1 (4.29)
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Also, the spectral efficiency is given by;
SEpam =2 log, M
It is clear that the spectral efficiency improves with M, but this
decreases power efficiency.
In an M-level base band transmission system, one or more bit errors are

measured by Pe = f (S/N). The end result is as follows;

pezz[l_i}q[ 3 é]
M MZ-1N (4.30)

where, M =2,4,8, ......

The numerical values of the Q function can easily be obtained from
table 4.1 given before for the complementary error functions, denoted
by erfc (y).

Note that the practical spectral efficiency of PAM systems, defined at
the 35-t0-50 dB out-of-band attenuation point, is about 20 % lower

than the theoretical Nyquist rate .

The required S/N, in the Nyquist BW for a BER of 108 is 34 dB,

assuming Gaussian Noise. Generally, Ts= Tp logz M.

Table 4.4 indicates that a digital transmission system is more spectrally
efficient if it has the capability of transmitting a greater number of bps
in a given BW. Also it is clear that higher-state systems having a larger
number of output levels have an increased spectral efficiency.

However, higher-level systems require a higher SNR. For a binary
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system (2-level), the practical spectral efficiency is 1.66 b/s/Hz,

whereas 8-PAM system has a 5 b/s/Hz practical spectral efficiency.

To achieve this improvement in the spectral efficiency, an increased

SNR from 15 dB to 28 dB is required assuming 10 BER.

Table 4.4, PAM and base band spectral efficiency and SNR requirements.

Number of levels

Theoretical SE

Practical SE

Required SNR

(b/s/Hz) (35 dB attenuation) (Pe = BER = 10-8)
2-PAM 2 1.66 [- 20 %] 15
4-PAM 4 3.33[- 20 %] 21.5
8-PAM 6 5 [- 20 %] 28
16-PAM 8 6.66 [- 20 %] 34
32-PAM 10 8.33 [- 20 %] 40

Digital systems have a certain threshold value for the S/N. From table

4.5, we find that if the S/N is worse than 18 dB, errors occur quite

frequently. At a few decibels better value for the S/N, the transmission

is almost error free.
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Table 4.5 Examples of error rates and mean time between errors for a 64 kbps
channel.

Fsl=amn Tim=
S Td fdE Error Rat= E=twa=er Error=

10 = 10 1.5 m=
144 110 150 m=
== 11 15 ==concd=
1= 10 =20 minuies
19 [ Z days

s | o = meanths
=1 o 50 years

Example 4.10; It is required to transmit a bit rate of f, = 800 kb/s rate
binary NRZ data stream that converted to 16-level PAM base band
signal. Calculate the power and spectral efficiency of this PAM signal .
Solution; As each 16-PAM symbol contains 4 bits of information, the
corresponding 16-PAM symbol rate is ¢

fs= f,/ 4 =800/4 =200 k baud (symbol / sec.)

The Nyquist frequency is fy =fs /2 = 100 kHz.

A theoretical (ideal) o = 0 filter would filter out all spectral components
above 100 kHz. With a = 0.2, filter has a practical attenuation of 35 dB
at 20% above the 100 kHz Nyquist frequency

So, all spectral components beyond 120 kHz are attenuated by 35 dB.

The Power efficiency of this PAM signal is;
3n 3x4

Mpower,PAM = - =4.7%

M?-1 (16) -1
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and its spectral efficiency is;
SEpam = T, /W = 800 kbps/100 k Hz
=2log; M =2x4=8b/s/Hz.

Example 4.11; Determine the Nyquist BW and the required SNR for

an f, = 15 Mbps rate transmission system if the available base band BW
is 3 MHz and the specified Pe = 108, How many transmission levels
are required.

Solution; The practical spectral efficiency is;

SE =fb/fn =15 Mbps/ 3 MHz =5 b/s/Hz

The best possible performance is obtained with the lowest Pe, so we

have to select a transmission system that satisfies this spectral
efficiency requirement with minimum SNR.

From table 4.4, we note that;

4-PAM has SE of 4 b/s/Hz, and SNR of 21.5 dB, whereas;

8-PAM has SE of 6 b/s/Hz, and SNR of 28.0 dB. Thus we have no
choice but to choose an 8-PAM system, which requires an increased
SNR.

In 8-PAM, each symbol level is formed by 3 bits; thus fs = / 3

(because Ts =3 Tp).
Therefore, the corresponding Nyquist BW is;

fu="fs/2=(fo/3)/2= (15 Mbps/3) /2 = 2.5 MHz
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with ideal filter a = 0, a 2.5 MHz base band BW would be sufficient.
With practical o = 0.2, channel filter, the f, = 15 Mb/s rate 8-level
signal is transmitted in a practical BW of, 2.5 x (1 + 0.2) =3 MHz.
This 3 MHz BW includes the out-of-band attenuation of the a = 0.2
roll-off channel.

Note that the noise BW of the receiver is identical to the Nyquist BW
of the receive LPF (fs/2) assuming that the overall Nyquist channel is

equally matched between the transmitter and the receiver.

Example 4.12, The information in an analog waveform, with

maximum frequency f, = 3 kHz, is to be transmitted over an M-ary

PAM system, where the number of pulse levels is M =16. The

quantization distortion is specified not to exceed = 1% of the peak-to-

peak analog signal.

a- What is the minimum number of bits/sample, or bits/ PCM word
that should be used in digitizing the analog waveform ?

b- What is the minimum required sampling rate, and what is resulting
bit transmission rate?

c- What is the PAM pulse or symbol transmission rate?

d- If the transmission BW (including filtering) equals 12 kHz,
determine the BW efficiency for this system.
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Solution, here we are concerned with two types of levels: the number
of quantization levels for fulfilling the distortion requirement and the

16 levels of the multilevel PAM pulses,
a- n>1logz 1/0.02 =logz 50 =5.6.
therefore, use n = 6 bits/sample to meet the distortion requirement.

b- Using the Nyquist sampling criteria, the min. sampling rate
fs = 2 fm = 6000 sample/s.

Each sample will give rise to a PCM word composed of 6 bits.

Therefore, the bit transmission rate;
fo = n fs =6 x 6000 = 36 kbps
c- Since multilevel pulses are to be used with;
M = 2" =16 levels, then n = log2 16 = 4 b/symbol.

Therefore, the bit stream will be partitioned into groups of 4 bits to

form the new 16-level PAM digits, and the resulting symbol

transmission rate Rg is;
fs=fp / n=36000/ 4 = 9000 symbols / second.
d- BW efficiency is described by data throughput,
fp / W = 36000 / 12000 = 3 bits / sec / Hz.

The following table 4.6 gives Pe formulae for ideal coherent detection

of base band and IF modulated binary signals.
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Table 4.6 Pe formulae for ideal coherent detection of base band and IF modulated
binary signals.

Signaling Signal P,
Base band Uni-polar ASK 15 erfe % f—
i i Polar ASK E,
signaling olar 145 erfc \(;
IF/RF ASK 14 erfe E
signaling BPSK (orthogonal) | 14 erfe 1_11!; :

BPSK vz erfe | -

The following figure 4.24-a gives a comparison between the
performance of some binary systems.
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Figure 4.24-a Comparison of binary ASK/PSK/FSK systems performance.
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Table 4.7, gives a comparison between the performance of different
digital modulation techniques with Pe = 10, Figure 4.24-b gives

a comparison between the performance of different levels of QAM
system.

Table 4.7 a comparison between the performance of different digital modulation
Techniques with Pe = 10°°

Modulation Technigue C/N Ratio (dB) E N Raoo (dB)

BESK 10,6 10,6
(JPSK 1346 [0.6
4-0AM 1.6 10.6
§-QAM 176 10.6
8-PSK IN.3 I4

16-PSK 242 183
[6-QAM Z0.5 14,3
12.0AM 24.4 174

64 OAM %.6

|5.8
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Figure 4.24 Comparison between the performance of different levels of QAM system.

Calculation of En/ No in digital radio systems.

In digital systems the basic measure of transmission quality is BER.

With digital radio links, we employ the ratio Ey/ N, as a measure of

signal quality. Given a certain modulation type, we can derive BER

from an E,/ N, curve.

In words, Ex/ N, means energy per bit per noise spectral density ratio.

N, is simply the thermal noise in 1 Hz of BW or:

The thermal noise level, P, in 1 Hz of BW at absolute zero Kelvin is;
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Pn=—228.6 dBW/ Hz of BW for a perfect receiver at absolute zero.
At room temperature 290° K we have:
Pn=-204 dBW / Hz of BW for a perfect receiver.

=—174 dBm / Hz of BW for a perfect receiver.
A perfect receiver is a receiving device that contributes no thermal
noise to the communication channel, (cannot occur in real life).
Converting for a real receiver gives;
P, =-204 dBW/ Hz + NF dB + 10 log B, (a)
where B is the BW in Hz of the receiver. NF is the noise figure of the
receiver. An example of application of equation (a) might be a receiver
with a 3-dB noise figure and a 10-MHz BW. What would be the
thermal noise power (level) in dBW of the receiver?
Use Equation (a).
Pn=-204 dBW/ Hz + 3 dB + 10 log (10 x 10°)

=-204 dBW/Hz+ 3 dB+70dB=-131 dBW.
No = —204 dBW/ Hz + NF dB. (b)
Example. For a receiver has a noise figure of 2.1 dB. What is its
thermal noise Power density in 1 Hz of BW, N,?
N, =— 204 dBW + 2.1 dB =-201.9 dBW/ Hz.
The receive signal level, RSL represents the total power (in dBm or
dBW) entering the receiver front end, during, 1-sec duration (energy).
We want the power carried by just 1 bit. For example, if the RSL were
1 W, and the signal was at 1000 bps, the energy per bit would be
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1/1000 or 1 mW per bit. Then we define Ejy as:
Ep = RSL dBm or dBW — 10 log (bit rate). (c)

As an example using typical values. The RSL into a certain receiver

was — 89 dBW and bit rate was 2.048 Mbps. What is the value of Ep?

Ep=—89 dBW — 10 log (2.048 x 10°)

=—89dBW —-63.11 dB=-152.11 dBW.
We can now develop a formula for E,/ No:
Ew/No = RSL dBW - 10 log (bit rate) - (-204 dBW + NFdB).  (d)
En/ No = RSL dBW - 10 log (bit rate) + 204 dBW - NFdB. (d)
Some notes on Ey/ N, and its use. Ey/ No, for a given BER, will be
different for different types of modulation (e.g., FSK, PSK, QAM,
etc.). When working with Ep, we divide RSL by the bit rate, not the
symbol rate nor the baud rate. There is a theoretical E,/ N, and
a practical Ep/ No. The practical is always a greater value than the
theoretical, greater by the modulation implementation loss in dB, which
compensates for system imperfections.
Figure 4.25 is an example of where BER is related to Ey/ No. There are
two curves in the figure. The first from the left is for BPSK/ QPSK and
the second is for 8-ary PSK. The values are for coherent detection.
Coherent detection means that the receiver has a built-in phase

reference as a basis to make its binary or higher-level decisions.
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Figure 4.25 BER versus En/No performance for BPSK/QPSK and 8-ary PSK
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