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Services that the telecommunications networks provide have different char-
acteristics. Required characteristics depend on the applications we use. To
meet these different requirements, many different network technologies that
are optimized for each type of service are in use. To understand the present
structure of the telecommunications network, we have to understand what
types of signals are transmitted through the telecommunications network
and their requirements. In this chapter we look ar the requirements of vari-
ous applications, characteristics of analog voice channels, fundamental differ-
ences between analog and digital signals, analog-to-digital conversion, and a
logarithmic measure of signal level, the decibel.

3.1 Types of Information and Their Requirements

Modern digital networks transmirt digital information transparently; that is,
the network does not necessarily need to know what kind of informarion the
data contain. This information that is transmitted through the network may
be any one of the following:

¢ Speech (telephony, fixed, or cellular);
¢ Moving images (television or video);
s DPrinted pages or still picture (facsimile or multimedia messaging);

o Text (electronic mail or short text messaging);

o Music;

* All types of computer information such as program files.

For digital transmission, analog signals such as speech are encoded into
digital form and transmirtted through the network as a sequence of bits in the
same way computer files are transmitted. However, although all informartion
is coded into digital form, the transmission requirements are highly depend-
ent on the application; because of these different requirements, different net-
works and technologies are in use. Video and e-mail applications, for
example, require different architectures. Network technologies have taken
two main development paths: one for speech services and another for data
services. The telephone network and ISDN have been developed for
constant-bit-rate voice communication that is well suited to speech transmis-
sion. Dara networks such as LANs and the Internet have been developed for
bursty data transmission.

The constant-bit-rate requirement for speech follows from the princi-
ple that digitized voice signals have traditionally been transmitted in digital
form as samples at regular intervals, as we will see in Section 3.6. Darta trans-
mission is bursty by nature. Sometimes we may copy a file across the net-
work, whereas at other times we may work locally with our workstation.

When many different applications are integrated into multimedia com-
munications, both basic types of service requirements of constant-bit-rate
voice and bursty data have to be fulfilled and we need a concept that is able
to meet both types of requirements.

In Table 3.1 different applications are compared from the communica-
tion requirements point of view. The applications are ordinary speech,
computer-aided design (CAD) (a service in which high-resolution graphical
information is transmitted), moving images (video), file transfer, and multi-
media with integrated video, voice, and data. The importance of the trans-
mission requirements for each application is explained next.

Data Rate or Bandwidth Requirement

Voice communication usually requires a constant data rate of 64 Kbps or less
and high-resolution video a constant dara rate of 2 Mbps or higher over the
network. Characteristics of data communication are very different, for exam-
ple, file transfer requires high-bit-rate transmission only during download,
and high-resolution graphics on a Web page require high-data-rate transmis-
sion only when we download a new page. When we are reading a Web page
we do not need transmission capacity at all. To define data transmission
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Table 3.1

Communication Requirements of Different Applications
Transmission File Interactive
Characteristics Voice Video Transfer Media
Bandwith Low, fixed Veryhigh, High, High, variable
requirement fixed variable
Data loss Tolerant Tolerant Nontolerant Tolerant or
tolerance nontolerant
Fixed delay Low delay  Tolerant Tolerant Low delay
tolerance
Variable delay No No Tolerant No
tolerance
Peak information  Fixed Fixed High Very high
rate

capacity, we sometimes use the term bandwidth instead of data rate because
these terms are closely related to each other, as we will see in Chapter 4.

Data Loss Tolerance

Noise and other disturbances in the network may cause errors in the trans-
mirtted data. If errors occur, some amount of data may be lost. Voice and
video transmission services are used by human beings, and they can tolerate
accidental short disturbances. In computer communications a single errone-
ous bit usually destroys a whole data frame, which may contain a large
amount of data. The loss of one frame destroys the transmission of a large file
that is transferred in multiple frames. Most of the data communication sys-
tems are able to retransmit data frames in error. Systems designed for voice or
video transmission do not use retransmission schemes because temporary
retransmission delay is even more disturbing for human users than the loss of
some dara.

Fixed Delay Tolerance

When communication is interactive, as voice communication usually is, the
two-way transmission delay should be very short for good quality. In the case
of voice it should be of the order of some tens of milliseconds. Otherwise, we
teel that quality is degraded because the response from the other party is

delayed. We tolerate much longer delays in the case of ordinary data applica-
tions when we are waiting for a response to our “click” command.

Variable Delay Tolerance

Voice and video information is traditionally transmitted as samples at regular
periods of time. The reconstruction of images and voice requires that all sam-
ple values be received sequentially and suffer the same delay. Conventional
data networks recover from errors with the help of retransmission of the
frames in error. This is a very efficient error recovery scheme, burt it intro-
duces some additional and variable delay. For voice applications this variable
delay is often a worse solution than that of losing some data.

Peak Information Rate

Encoding of analog voice and video often produces a constant information
darta rate. Values of the samples with constant length contain voice or video
information and they are transmirtted at a constant rate. In data communica-
tion applications we usually work locally and every now and then a high data
rate is needed to load graphical informartion or files. A peak load is typically
of the order of 1,000 times higher than the average transmission capacity we
use.

The different requirements just explained have supported development
of the circuit-switched networks, such as PSTN and ISDN, for voice com-
munications and packet-switched networks, such as LANs and the Internet,
for data communications. Asynchronous rransfer mode (A'TM) technology was
developed by ITU-T to be suitable and efficient for transferring all types of
information. However, the expansion of the Internet has reduced its impor-
tance and Internet rechnology will be developed further to provide a plat-
form for all kinds of communications.

3.2 Simplex, Half-Duplex, and Full-Duplex Communication

In telecommunications systems the transmission of information may be uni-
directional or bidirectional. The unidirectional systems that transmit in one
direction only are called simplex, and the bidirectional systems thart are able
to transmit in both directions are called duplex systems. We can implement
bidirectional information transfer with half~ or fitll-duplex transmission as
shown in Figure 3.1.

In simplex operation the signal is transmitted in one direction only. An
example of this principle is broadcast television, where TV signals are sent
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Simplex:

Destination Signal is transmitted in one direction only.
- Examples: broadcast radio and TV and

paging systems.

Source

Half-Duplex:
Source / » Destination/|  Signals are transmitted in one direction at a time.
destination |-=====-===---1 source Examples: Some data and radio systems.

Full-Duplex (or Duplex):

Signals are transmitted in both directions at
the same time.

Examples: Conventional telephone, cellular
or mobile telephone systems and ISDN.

Source and
r destination

Source and
destination

|

Figure 3.1 Simplex, half-duplex, and full-duplex transmission.

from a transmirtter to TV sets only and not in the other direction. Another
example is a paging system that allows a user to receive only alphanumerical
messages.

In half-duplex operation the signal is transmitted in both directions but
only in one direction at a time. An example of this is a mobile radio system
where the person speaking must indicate by saying the word over that she is
done transmitting and the other person is allowed to transmit. LANs use a
high-speed, half-duplex transmission over the cable even though users may feel
that the communication is continuously bidirectional, that is, full duplex.

In full-duplex operation signals are transmitted in both directions art
the same time. An example of this is an ordinary telephone conversation
where it is possible for both people to speak simultaneously. Most modern
telecommunications systems use the full-duplex principle, which we call
duplex operation for short.

3.3 Frequency and Bandwidth

To understand the requirements of different applications for a telecommuni-
cations network, we must understand the fundamental concepts of frequency
and bandwidth. The information that we transmit through a telecommuni-
cations network, whether it is analog or digital, is in the form of electrical
voltage or current. The value of this voltage or current changes through time,
and this alteration conrains information.

The transmirtted signal (the alteration of voltage or current) consists of
multiple frequencies. The range of frequencies is called the bandwidth of the

signal. The bandwidth is one of the most important characteristics of analog
information and it is also the most important limiting factor for the data rate
of digital information transfer.

3.3.1 Frequency

We can see the telecommunications signal as a combination of many cosine
or sine waves with different strengths and frequencies. The frequency refers
to the number of cycles through with the wave oscillates in a second. As an
example of the concepr of frequency, we hear the oscillation of air pressure as
sound. We are able to hear frequencies in the range of approximately 20 Hz
to 15 kHz, where Hz (hertz) represents the number of cycles in a second. An
example of the different frequencies is heard in the keys of a piano. The
right-hand keys generate basic frequencies of the order of 1,000 Hz and the
left-hand keys of the order of 100 Hz.

In electrical terms, an altrernating current (ac) changes its direction of
flow several times per second. This variation in direction is known as a cycle,
and the term frequency refers to the number of cycles in a second that is meas-
ured in hertz. If a signal has 1,000 complete cycles in a second, then its
frequency is 1,000 Hz or 1 kHz. A pure sine wave, like that shown in
Figure 3.2, is generated with a loop of wire rotated in a magneric field at
a constant rate. This fundamental waveform can be seen as a cosine of the

Voltage or
Constant rotation current Jk‘ 1Cycle >
A rate, fcomplete Phasegp =0 :
cycles in a second :
A X _ E
. angle wi+@=2xft+¢ >
\? > t
Acos|2 aft+¢) A--
Example:  v(f)=1 cos (275t —90°)V
) 1second, 5 cycles persecond=5Hz |
Wavelength: How long distance n >
signal propagates during one V- !
cycle or periodic time. /\ /\ /\ /\ /\ :
i=clf | p
IV Lge--"t

c = velocity, speed of the wave o
Cycle or periodic time T=1/5Hz = 200 ms

Figure 3.2 Cosine wave and frequency.
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angle of the phasor rotating at a constant rate. The strength of the volrage or
current alters according to the cosine curve when time increases. The length
of the phasor corresponds to the maximum value of the signal and it is called
amplitude, shown as A in Figure 3.2.

We can see any telecommunications signal as a sum of these fundamen-
tal waveform cosine waves that are expressed as

v(r)= Acos(wr + ¢) = Acos(27ft + rp) (3.1)

where f is frequency, the number of complete cycles in a second expressed in
hertz, 1 Hz = 1/sec; #is time in seconds, and ¢ is the phase shift (phase of the
cosine wave at time instant # = 0). The angular frequency @ in radians per
second is @ = 2xf which comes from the fact that one complete cycle of a
phasor makes up an angle of 27 radians.

The periodic time or period T in seconds represents the time of one
complete cycle:

T =Vfand f =T (3.2)

Wavelength A represents the propagation distance in one cycle time,
thus,

A=clf =cT (3.3)

where ¢ is the velocity of the signal. For a sound wave, the velocity in the air
is approximately 346 m/s; for light or radio waves, approximately, ¢ =
300,000 km/sec.

The example in Figure 3.2 shows a waveform with a frequency of 5 Hz
and amplitude of 1V. It corresponds to a phasor with length of 4 = 1V mak-
ing five complete cycles in a second. At time instant #= 0, the waveform has a
value of 0 and the phase or angle of the phasor is —90°. As the time increases
and the phasor rotates, its projection at the horizontal axis of the phasor dia-
gram increases, corresponding to an increase in the value of the wave with
time. The equation for this example waveform is then #(#) = A cos (wz + ¢)=

1 cos(275#—90%) V.

3.3.2 Bandwidth

The voice signal, which is the most common message in telecommunications
network, does not look similar to a pure cosine wave in Figure 3.2. It

contains many cosine waves with different frequencies, amplitudes, and
phases combined together. The range of frequencies that is needed for a good
enough quality of voice, so that the speaker can be recognized, was defined to
be the range from 300 to 3,400 Hz. This means that the bandwidth of the
telephone channel through the network is 3,400 — 300 Hz = 3.1 kHz, as
shown in Figure 3.3. A human voice contains much higher frequencies, but
this bandwidth was defined as a compromise between quality and cost. It is
wide enough to recognize the speaker, which was one requirement for tele-
phone channel.

Bandwidth is nort strictly limited in practice, but signal attenuation
increases heavily at the lower and upper curoff frequencies. For speech,
channel cutoff frequencies are 300 and 3.4 Hz, as shown in Figure 3.3.
The bandwidth is normally measured from the points where the signal
power drops to half from its maximum power. Attenuation or loss of chan-
nel is given as a logarithmic measure called a decibel (dB), and half
power points correspond to a 3-dB loss. Decibels are discussed later in this
chapter.

Bandwidth, together with noise, is the major factor that determines the
information-carrying capacity of a telecommunications channel. The term
bandwidth is often used instead of data rate because they are closely related,
as we will see in Chaprer 4.

Loss 4
dB
Attenuation or loss of 3 dB
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Figure 3.3 Bandwidth of the telephone speech channel.
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3.4 Analog and Digital Signals and Systems

Most of the systems in the modern telecommunications network are digital
instead of analog. In this section we look at the fundamental characteristics
of analog and digital signals and how they influence the performance and
operation of telecommunications systems.

34.1 Analog and Digital Signals

The difference between analog and digital form is easily understood by look-
ing at the two watches in Figure 3.4. A true analog watch has hands that are
constantly moving and always show the exact time. A digital watch displays
“digits” and the display jumps from second to second and shows only dis-
crete values of time.

Another example could be the slope of analog voltage where all values
of voltage can be measured as shown in Figure 3.4. In “digital slope,” only
discrete values may be measured. In the example of the figure, we have eight
discrete values, 0 to 7, in the digital slope. This does not mean that the digiral
systems perform worse than analog systems. If we want to improve the accu-
racy of the digital system, we just increase the number of steps and, in princi-
ple, any voltage level can be represented with the digital system as well.

Analog and digital watch

Signal

value & Analog signal

/—_\‘ 02:05
Signal

value 4 Digital signal

]

Time

(Digital and) binary signal
X

RN

Time

Slope of analog and digital voltages.
Volts

111

100
011

Signal 4
value

000

Figure 3.4 Analog and digital signals.

A special and very important case of digital signals is a binary signal
where only two values, binary digits 0 and 1, are present as illustrated in
Figure 3.4. Examples of binary signals are light on and off, voltage versus no
volrage, and low current versus high current.

Binary signals are used internally in computers and other digital sys-
tems to represent any digital signal. For example, we can encode eight voltage
levels of the slope in Figure 3.4 into three binary bits and each of these three
bit words then represents one of the 2° = 8 (0 (000) to 7 (111)) different val-
ues. As another example, a digital signal with eight-bit words or bytes (often
called octets in digital telecommunications systems) can represent 2° = 256
discrete values of a signal. These kinds of digital numbers are used to repre-
sent analog voice, in which each sample of a voice signal is encoded into
eight-bit words, as we will explain in Section 3.6.

3.4.2 Advantages of Digital Technology

Analog systems in a telecommunications network have gradually been
replaced with digital systems. Development of digital circuits and software
technologies has made digital systems more and more attractive. The most
important advantages of digital technology over analog technology are as
follows:

* Digital functions make a high scale of integration possible.

» Digital technology results in lower cost, better reliability, less floor
space, and lower power consumption.

* Digital technology makes communication quality independent of
distance.

» Digiral technology provides better noise tolerance.

» Digital networks are ideal for growing data communication
» Digiral technology makes new services available.

* Digirtal system provides high transmission capacity.

* Digital networks offer flexibility.

An analog system requires the accurate detection of signal values inside
its dynamic range, thart is, berween the maximum and minimum values of
the signal. Digiral systems use binary signals internally. A binary signal has
only two values, and the only problem is to distinguish these two values from
each other. The dynamic range is well defined and linearity is not required.
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This makes the elements of digital circuits simple, and the utilization of com-
pact technology for very complicated functions, such as integrated circuits, is
feasible.

As a consequence, circuit integration leads to a smaller number of elec-
tronic components, smaller equipment, lower manufacturing costs, lower
maintenance costs because of better reliability, and less power consumption.
More and more complex integrated circuits are replacing many lower scale
integrated circuits. This decreases system costs, because the increased com-
plexity of components does not cost much in volume. When integrated cir-
cuits are manufactured in volume, complex ones do not cost much more
than less complex circuits. In addition, the smaller number of separate com-
ponents gives better reliability.

In long-distance connections, we have to amplify or regenerate the sig-
nal on the line many times. When we amplity an analog signal on the line,
we amplify noise at the same time. This added noise decreases the quality of
an analog signal, that is, decreases the signal-to-noise (S/N) ratio.

In the case of a digiral system we use regenerators or repeaters instead of
amplifiers. Repeaters regenerate the signal symbol by symbol, that is, trans-
mit further the value thar is closest to the received value. The regenerated sig-
nal is a sequence of digital symbols with nominal values and thus it contains
no noise. If the noise is low in the input of each regenerator, symbols of the
digital signal are regenerated withourt errors and we receive exactly the same
digital message on the other side of the world as it was at the transmitting
end. The operation of a digital repeater or regenerator is described in
Chaprer 4.

Modern switches digitize speech in the subscriber interface. If the path
through the network is fully digital, conversion back to analog is done only at
the far end. There is only one analog-to-digital and one digital-to-analog
conversion regardless of the communication distance, that is, whether we
make a call to our neighbor or to other side of the world.

The digital systems have to identify only signals from a set of discrete
values. If symbols are not mixed because of too high a noise level, noise does
not have any impact on the operation. Analog communication usually
requires a much better S/N than low error rate digital communication. As a
consequence, digital systems can utilize channels with much higher noise lev-
els and they can tolerate higher interference than analog systems.

If the network is analog, a digital message has to be modulated into the
frequency band of the analog telecommunications channel. This reduces the
capacity available for the user. For example, a voice channel in the digital
telephone network has a data capacity of 64 Kbps. If we use it via an analog

subscriber loop with a voice-band modem, the dara rate is restricted in prac-
tice to approximately 30 Kbps. With a digital subscriber line (DSL) (e.g.,
ISDN), the user data are exactly the same 64 Kbps used inside the network.

Digiral systems are ideal for control via software because digital circuits
operate in a numerical way. Integrated software makes systems flexible and
new functions needed for new services are easier to implement. Intelligent
network services, reviewed in Section 2.10, are good examples of these new
services. As another example, we would not have cellular telephone service if
we did not have digital software-controlled systems in the network.

The digital processing of information makes better utilization of chan-
nels possible; for example, several digital broadcast television channels fit into
the band of one analog broadcast channel. In Chapter 4 we will see thar digi-
tal signals tolerate higher disturbances than analog signals and this is one rea-
son behind the better frequency efficiency. Low-cost multiplexing (no analog
filtering and medulation circuitry required) and efficient use of oprical trans-
mission media make high-capacity digital systems feasible. Oprtical systems
transmit digiral signals as a series of short light pulses. The distortion of these
digital pulses does not influence the quality of the message because distorted
pulses are regenerated, which eliminates distortion.

All types of analog signals can be converted into digiral signals. When
this is done, the digital network is able to carry any information. Bits are han-
dled in the same way whether they represent voice, video, or dara.

Analog systems are different for each application because of different
performance requirements. For example, a telephone connection requires
channels with approximately 4-kHz bandwidth, bur television signals require
5-MHz bandwidth with a much better S/N. In digital systems the corre-
sponding characteristic is the data rate. For example, an analog telephone sig-
nal requires 64 Kbps and video with a much wider bandwidth requires 2 to
140 Mbps depending on the coding scheme in use. We can use one high-
data-rate system for a single video channel or a large number of speech
channels.

Digital technology provides efficient multiplexing for sharing capacity
in high-dara-rate connections. This makes high-capacity digital networks
and systems flexible. The same system, if it provides a high enough dara rate,
can be used for any application.

343 Examples of Messages

In the previous sections, we described the characteristics of the digital and
analog signals and systems. Now we look at some simple examples of
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information sources that produce messages that are transmitted through the
network. There are many different information sources, including machines
as well as people, and messages or signals appear in various forms. As for sig-
nals we can identify the two main distinct message categories: analog and

digital.

3.43.1 Information, Messages, and Signals

The concept of information is central to communication. However, snforma-
tion is a loaded word, implying schematic and philosophical notions and,
therefore, we prefer to use the word message instead. Message means the
physical manifestation of informartion produced by a source. Systems han-
dling messages convert them into electrical signals suitable, for example, for a
certain transmission media.

3.432 Analog Message

An analog message is a physical quantity that varies through time, usually in
a smooth and continuous fashion. Examples of analog messages are acoustic
pressure produced when you speak or light intensity at one point in an ana-
log television image. One example of an analog message is the voice current
on a conventional subscriber telephone line as illustrated in Figure 3.5. In
Section 2.2 we explained how the current is produced.

Because the information resides in a time-varying waveform, an analog
communication system should deliver this waveform with a specific degree of
fidelity. Because the strength of signals may vary in a range from 30 to 100
dB, depending on the application, the analog systems should have good line-
arity from the weakest signal to 1,000 to 10,000 million times stronger signal
values.

3.4.3.3 Digital Message

A digital message is an ordered sequence of symbols selected from a finite set
of discrete elements. Examples of digital messages are the letters printed on
this page or the keys you press at a computer keyboard. When you press a key
at your computer keyboard, each key stroke represents a digital message that
is then encoded into a set of bits for binary transmission.

Because the information resides in discrete symbols, a digital commu-
nication system should deliver these symbols with a specified degree of accu-
racy in a specified amount of time. The main concern in the system design is
that symbols remain unchanged, which is the final requirement for transmis-
sion accuracy.

Continuously
variable
current

— 48V

Telephone

Analog signal, E exchange
voice IIE ]

Analog subscriber
interface

Digital signal

n Binary data
Modem

Telephone
network

. Analog voice band signal, which
carries digital values (each corresponds
to a set of bits from binary data)

Digital signal Digital signal,
Binary data line encoded
—, hinary data ISDN or data
J X network

Network
terminal

Figure 3.5 Examples of messages.

We need modems for the transmission of digital messages over analog
channels. The modems receive a message from the terminal in the form of
binary data and send it as an analog waveform to the speech channel as
shown in Figure 3.5. Current modems do not modulate or change the analog
waveform at the rate of the binary data they receive from the terminal.
Instead they encode a set of bits into a digital symbol that may get many
more values than just two. Each multilevel symbol corresponds to a set of bits
and it is sent as one analog waveform to the line. When receiving a certain
analog signal on the other end, the receiver detects a set of bits defined to cor-
respond to thart signal. Use of more than two signals increases the data rate
through the speech channel compared with the binary principle, in which
only two different signals are used. Speech channels have quite a narrow
bandwidth, but a good S/N, which allows use of many different signals, as we
will explain in Chaprter 4.

When a digital network is used to transmit digital messages, signals are
in digital form from end to end. Instead of a modem, a network terminal is
needed at the subscriber’s premises to encode binary signals into digiral
pulses suitable for cable transmission to an exchange site; see the ISDN
example in Figure 3.5.
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3.5 Analog Signals over Digital Networks

In this section we look at how analog signals are handled before transmission
through a digital network. In the next section we concentrate on the pulse
code modulation, which is performed in the nerwork on our voice during a
telephone call, and in Section 3.7 we present a brief review of other voice-
coding schemes.

It a digital signal is to be transmitted through an analog network, it has
to be converted into an analog signal suitable for the frequency band of the
channel, as we saw in Figure 3.5. Digital networks provide communication
only with a set of discrete symbols (in the binary case these symbols are called
bits) at a certain data rate and the analog signal has to be converted into a
series of these symbols for digital communication. The data rate of a digital
network corresponds to the channel bandwidth of an analog network. The
higher the data rate, the wider the required bandwidth and vice versa.

If the nertwork is fully digital, analog voice is encoded into digital form
at the transmitting end and decoded into analog form at the receiving end, as
shown in Figure 3.6. This coding is performed in the subscriber interface of a
digital telephone exchange and, in the case of ISDN service, in the subscrib-
er’s ISDN telephone or network terminal.

This process has two main phases, as shown in Figure 3.6:

1. Analog-ro-digital conversion (A/D): An analog signal is sampled at
the sampling frequency and the sample values are then represented
as numerical values by the encoder. These values, presented as

Analog Digital signal,
; Analog sample sample values
electrical : !
signal pulses in serial form
‘I N I.f\\ ¢ Encoder /
k ) N AD “ Connection
A Sample i throughthe
Microphone and hold | network
circuit E
Digital ~ :
Ear piece Reconstructed ~ telecommanications
L samples . network |

m o ¢ Decoder
9 \'/( H Ay 1 oA

Figure 3.6 Analog voice signal through a digital network.

binary words, are then transmitted within regular time periods

through the digital channel.

2. Digital-to-analog conversion (D/A): At the other end of the channel,
the decoder receives numerical values of the samples that indicate
the values of the analog signal at sampling instants. The sample
pulses that have amplitudes corresponding to the values of the origi-
nal signal at sampling instants are reconstructed and the series they
form is filtered to produce an analog signal close to the original one.

The methods for these A/D and D/A conversions have to be specified
in detail so that the reproduction of the analog signal is compatible with the
production of the digital signal that may have occurred on the other side of
the world. In the next section we describe the method that is used in the tele-
communications network and internationally standardized by the ITU.

36 PCM

PCM is a standardized method thart is used in the telephone nerwork to
change an analog signal to a digital one for transmission through the digiral
telecommunications network. The analog signal is first sampled at a 8-kHz
sampling rate; then each sample is quantized into 1 of 256 levels and then
encoded into digital eight-bit words. This encoding process is illustrated in
Figure 3.7. The overall data rate of one speech signal becomes 8,000 x 8 =
64 Kbps. This same darta rate is available for darta transmission through each
speech channel in the network. In the United States one bit of eight in every
sixth frame is “robbed” for in-band signaling and the available transparent
data capacity of a single speech channel in the network is reduced to 8,000 x
7 = 56 Kbps.

Now we take a more detailed look at the three main processing phases
of the PCM in the telecommunications network. Note that this principle is
employed by all systems when there is a need to process analog signals with a
digiral system. Sampling rates and the number of quantizing levels vary from
application to application, but the basic principle and phases of the process
remain the same.

3.6.1 Sampling

The amplitude of an analog signal is sampled first. The more samples per sec-
ond there are, the more representative of the analog signal the set of samples
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Figure 3.7 PCM.

will be. After sampling, the signal value is known only at discrete points in
time, called sampling instants. If these points have a sufficiently close spac-
ing, a smooth curve drawn through them allows us to interpolate intermedi-
ate values to any degree of accuracy. We can therefore say that a continuous
curve can be adequately described by the sample values alone.

In a similar fashion, an electrical signal can be reproduced from an
appropriate set of instantaneous samples. The number of samples per second
is called the sampling frequency or sampling rate, and it depends on the high-
est frequency component present in the analog signal. The relation of sam-
pling frequency and the highest frequency of the signal to be sampled is
stated as follows:

If the sampling frequency, f, is higher than two times the highest fre-
quency component of the analog signal, W, the original analog signal is
completely described by these instantaneous samples alone; that is, £ >

2W.

This minimum sampling frequency is sometimes called the Nygquist
rate. We can describe it in other words as an analog signal with the highest
frequency component as W Hz. It is completely described by instantaneous
sample values uniformly spaced in time within a period:

Ty =1f, <U2W) (3.4)

Figure 3.8 represents the operating principle of a sampling circuit and
an analog signal before and after sampling in both the time and frequency
domains. The sampling circuit contains a generator, G, that produces short
sampling pulses at the sampling frequency f.. These sampling pulses close the
switch of a relay at each sampling instant for a short period of time. The
original analog signal x(#) is sampled each time the switch is closed and
a sampled signal )(#) is produced. The sampled analog signal y(# contains
short pulses that represent signal x(#) values at discrete points in time. This
sampling process that produces y(#) is known as pulse amplitude modulation
(PAM) because the amplitudes of the pulses contain the values of x(2).

The time-domain curves in Figure 3.8 show the original continuous
analog signal x(#) and the sampled signal y(#). The sampled signal (# con-
tains values of an analog signal at sampling instants. We can imagine that if
the sampling frequency f is high, that is, the distance between sampling
instants 7, is short, the sample pulses describe the original signal quite well.
We could draw a line that connects the peak values of the pulses and the
shape of this curve would be close to the original signal shape of x{(3).

The changes in x(#) are related to the frequency content of x(#). The
more rapidly x(#) changes, the higher frequency the components it contains.
This explains why the sampling frequency is related to the highest frequency
of the analog signal to be sampled. From the time-domain figure we under-
stand that the sampling frequency must be much higher than the highest
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Figure 3.8 Samplina.
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trequency of the analog message. Otherwise, rapid changes of signal x{7)
between sampling instants could not be described by sample values. The
accurate answer to how much higher it should be can be understood more
easily via the frequency domain.

The frequency-domain descriptions in Figure 3.8 show the spectrum of
x(2) and the sampled signal y(#). Before sampling, the spectrum X(f) of x(#)
contains speech frequencies up to 3.4 kHz, shown as a dashed line in the fig-
ure. As an example of the frequency components of speech we drew the spec-
trum of a 1-kHz cosine wave as a solid spectral line at the 1-kHz point on the
tfrequency axis.

After sampling, the spectrum of the message also appears around the
sampling frequency. If the message contains a single 1-kHz frequency com-
ponent, after sampling we will have components at 1 kHz, 8 kHz — 1 kHz =
7 kHz, and at 8 kHz + 1 kHz = 9 kHz, as seen in the figure. In addition to
these components, sampling also generates components around double sam-
pling frequency, three times sampling frequency, and so forth.

The reproduction of an original signal from a sampled signal is per-
formed by a lowpass filter and in the case of voice the bandwidth B =4 kHz,
that is, half the sampling frequency. We see from Figure 3.8 that this filter
would let through only a 1-kHz component of the spectrum, that is, the
acrual original analog signal. With the help of the lowpass filter we have suc-
cessfully reproduced the original analog message from the samples alone.

If we increase the frequency of an analog message x{(#) from 1 to 2 kHz
we will have the lowest component of the sampled signal at 2 kHz, the solid
spectral line at 1 kHz is moved to the right, the next spectral component at 8
kHz — 2 kHz = 6 kHz, and the solid line at 7 kHz is moved to the left. Low-
pass filtering will still give the original 2-kHz message. Now if we increase
the frequency beyond 4 kHz to, say, 5 kHz, we will get components at 5 kHz
and 8 kHz — 5 kHz = 3 kHz, and lowpass filtering will give a 3-kHz signal
instead of the original 5-kHz signal. Reproduction will not work anymore
because the frequency of the analog signal has exceeded half of the sampling
frequency.

We have seen that the sampling frequency must be more than twice the
highest frequency component of the original signal to be encoded; otherwise,
the message spectra around zero frequency and sampling frequency will over-
lap. This can be seen from the spectrum Hf) in Figure 3.8 if we imagine
what happens if W > f/2. From the spectrum of the sampled signal ¥{f) in
Figure 3.8, we also see that the message can be completely reconstructed
from a PAM signal with a 4-kHz lowpass filter if W< f£/2. This requirement
is fundamental for all digital signal processing.

The highest frequency of voice that will be transmitted is chosen to be
3,400 Hz and the sampling frequency is standardized at 8,000 Hz, leaving
enough guard band for filtering. Samples are then taken at intervals of 7, =
125 us.

In the sampling process a PAM signal (#) is created. The amplitudes of
PAM pulses follow the original analog signal. Note thart the samples are still
analog, having any analog value between the minimum and maximum values
of the original signal.

3.6.2 Quantizing

In the previous section we utilized sampling that produces a PAM signal that
represents discrete bur still analog values of the original analog message at the
sampling instants. To transmir the sample values via a digital system, we have
to represent each sample value in numerical form. This requires quantizing
where each accurate sample value is rounded off to the closest numerical
value in a set of digital words in use. Figure 3.9 represents the original and
the quantized signal. The latter stays at the sample value until the next sam-
pling instant.
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Figure 3.9 Quantizing and noise.
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In this quantizing process the information in accurate signal values is
lost because of rounding off and the original signal cannot be reproduced
exactly any more. The quality of the coding depends on the number of quan-
tum levels that is defined to provide the required performance. The more
quantum levels we use, the better performance we get. For example, for a
voice signal 256 levels (8-bit binary words) are adequate, but for music
encoding (CD recording) 65,536 levels (16-bit binary word) are needed to
give sufficient performance.

In the case of binary coding, the number of quantum levels is g = 27,
where g denotes the number of quantum levels and # is the length in bits of
the binary code words that describe the sample values.

The better quality we require, the more quantum levels we need and
the longer sample words we have to use. This leads to the requirement of a
higher bit rate for transmission of the dara representing the original message.
The data rate must be so high that the digital word of the previous sample
will be transmitted before the next one is available for transmission. In each
system, a certain compromise has to be made between quality and the data
rate.

In uniform quantizing, the quantum levels are uniformly spaced
between certain minimum and maximum values of the analog signal. In the
next section we consider quantizing noise that the rounding off produces in
the case of uniform quantizing.

3.6.3 Quantizing Noise

Quantizing causes signal distortion because the sample values no longer rep-
resent accurate values of the analog signal. Usually this distortion caused by
rounding off in quantizing is small compared to the signal value. The maxi-
mum distortion, that is, maximum quantizing error, is half of the distance
between quantum levels. This distortion is heard and theoretically modeled
as noise; see the quantizing error curve in Figure 3.9. We can imagine that
the decoder first receives accurate sample values and produces a perfect origi-
nal signal. Then quantizing error is added on top of the perfect signal just as
we hear, for example, background noise on top of an ideal voice or music
signal.

The rounding off causes an error that is independent of the message
because quantizing levels are close to each other and we can assume that the
signal has the same probability to be anywhere between two levels at a certain
sampling instant as shown in Figure 3.10. This error can be assumed to have
a uniform probability density function and a zero mean. When we define the

Analog
izi .+ . ./ signal Maximum signal to
I(‘l;:rg?snzmg /,/"""‘__ guantizing noise ratio:
Quantizi e A S/N<= 48+6.0 ndB
uantizing —_— where nis the number

distortion \""lﬁ/
or noise / ;

T Practical figures are much
(10-30 dB) lower.

bits/binary sample word

Sampling instants

The more levels (the more bits/sample, the higher bit rate) we use,
the better performance we get (i.e., higher signal to noise ratio).

Figure 3.10 Quantizing noise and SAR.

signal to have values between —1 ... +1, it can be shown that the quantum
noise power is equal to the variance of quantizing error and is given by

N=0o" =—7 (3.5)

where V= 0, = quantization noise power and g = the number of quantum
levels. [Equartion (3.5) gives the variance o,” of uniform distribution with a
value of ¢/2 from —1/¢ to 1/4. The variance corresponds to the noise power
N when the mean is zero.]

We see that if the number of quantum levels is increased, quantizing
noise power decreases rapidly. We get the maximum signal-ro-quantizing
noise ratio (SQR) of linear quantizing when the maximum signal power is
equal to one (power is a square of the signal value that was defined to be

between —1 and +1):

SQR =SIN <3q° (3.6)

where S = signal power, V = 0, = power of quantization noise, and g =
number of quantum levels. The only noise we consider here is generated by
quantizing and then SQR = S/N.

We can easily show further that in the case of linear quantizing and
binary words, the absolute maximum S/N in decibels in the case of linear
quantizing is

SIN <10log,,(34*)=10log,,(3-2" )=48+602dB  (3.7)
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where n = the number of bits/word. The maximum S/N is achieved with
the maximum signal power that is 1. The logarithmic measure decibel is
described at the end of this chapter. The preceding formula gives the abso-
lute maximum S/N of a system that uses uniform quantizing and codes sam-
ple values into #-bit binary words.

If we add one bit to the data word representing a linear sample value, we
double the number of quantizing levels, which cuts the maximum quantizing
error in half. On the other hand, from (3.7) we see thar each bit increases the
S/N by 6 dB. This means that the quantizing noise power is reduced by a fac-
tor of 4 corresponding to error voltage reduction by a factor of 2.

However, we assumed that the average power of the analog signal
equals the maximum power, that is, all sample words have the maximum
value. In practice, this cannot be the case and the average S/N is some tens of
decibels lower than the maximum value given by (3.7). How much lower an
average 5/IN we have in a practical system depends on the dynamic range that
we reserve for the highest signal levels (the distance between the average sig-
nal power and the maximum signal power) to avoid the clipping of the signal
and consequent severe distortion. As an example, if average signal power is
20 dB below maximum, the average S/N (or SQR) is 20 dB below its maxi-
mum value given by (3.7).

3.6.7 PCM Encoder and Decoder

The PCM coding schemes for digital voice communications were standard-
ized by CCITT (now ITU-T) in the early 1970s. The standards were based
on the technology of those days. The European standard was defined to be
slightly different from the American standard, which is why conversion
equipment is needed when communicating over the Atlantic or from Europe
to Japan. Most countries in the world use the European A-law standard. Asa
conclusion to our discussion about PCM coding, we now look at the block
diagrams of the PCM encoder and decoder that contain the processes that we
have discussed in previous sections.

3.6.7.1 PCM Encoder

Figure 3.15 presents a block diagram of a PCM encoder based on the Euro-
pean standard. Before actual encoding, the analog signal is filtered into the
frequency band from 300 to 3,400 Hz. This bandwidth was defined to be
acceptable for sufficient quality human voice so thar the speaker can be rec-
opnized at the other end. This filtering is mandatory to ensure that the

Other PCM-coded
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Figure 3.15 PCM encoder.

sampling theorem is satisfied, thart is, that the analog signal does not contain
frequencies higher than half of the sampling frequency. Then the analog sig-
nal is sampled at an 8-kHz sampling frequency and the samples are nonline-
arly coded into 8-bit words by a quantizer and an encoder.

Words are then converted into serial form and multiplexed with other
PCM-coded voice signals into a 2,048-Kbps primary rate signal that contains
30 voice channels according to the European standard. This 2-Mbps rate is a
very common dara rate in telecommunications networks. For example, digi-
tal exchanges build up 2-Mbps streams with 30 PCM-coded subscriber inter-
faces for internal transmission inside the equipment. The multiplexing
process is described in Chaprer 4.

In the United States the corresponding data rate is 1.544 Mbps instead
of 2.048 Mbps. In this DS1 system, each frame conrains 24 speech channels
and a framing bit. The sampling rate is the same 8 kHz and we get

8,000-{(8-24) + 1} =1544 Mbps (3.10)

3.6.7.2 PCM Decoder

At the receiver the demultiplexer separates 64-Kbps individual channels
that are then converted into 8-bit parallel sample values, as shown in
Figure 3.16. Sample pulses are reconstructed and the resulting series is fil-
tered to create a voice signal that closely resembles the original.

3.7 Other Speech-Coding Methods

PCM was standardized during the 1970s and implementation of many more
efficient coding methods has become feasible. By “more efficient” we mean
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Figure 3.16 PCM decoder.

that we may get better quality at the same darta rate or equal quality at a lower
data rate. More sophisticated coding schemes are used, for example, in
ISDN, where an ISDN telephone may transmit a better quality 7-kHz
speech band at 64 Kbps than before. Another example that we will briefly
review is GSM, where speech requires only 13 or 7 Kbps.

In the following sections, we review some methods thart are used in tele-
communications networks in addition to the PCM discussed in the previous
section. We can divide voice coding methods into two categories: waveform
and voice coding (vocoders) [1]. In waveform coding, such as PCM, we
transmit information that describes a signal waveform in time domain.

In vocoders we use characteristics of human voice. To understand the
basic principle of vocoders, imagine that we have a set of signal models each
identified by a code. We divide speech into, for example, 50-ms segments
and choose one of the models thart is closest to the signal to be encoded and
send its identification code to the other end. The decoder reproduces the sig-
nal corresponding to the received code. Vocoders may also split voice signals
into several “components” in the frequency domain, each of them modeled
separately for better quality. Vocoders introduce additional delay because
each speech segment has to be analyzed before encoding. Waveform coding
does not add delay and it usually give better quality but requires a higher data
rate than vocoders. To achieve a suitable compromise between the quality
and the dara rate, the two basic principles are sometimes combined into

hybrid coders.

In conventional PCM we encode all samples independently. We can
improve encoding performance by assuming that the next sample value is not
independent from the previous one, which is the case in practice.

3.7.1 Adaptive PCM (APCM)

APCM is a variation of conventional PCM in which signal strength informa-
tion is transmirtted periodically in addition to sample values. Now a smaller
number of bits is needed for samples and they define the quantum level
inside a given scale. If the signal level is high, the quantizing error is high
because the same number of levels is used for all samples. On the other hand,
for low signal levels the quantizing error is small and SQR can be kept high
enough over a wide range of signal levels. This principle is used, for example,
in original GSM as part of the voice coding process.

3.7.2 Differential PCM (DPCM)

In DPCM only the difference between a sample and the previous value is
encoded as shown in Figure 3.17. Because the difference is typically much
smaller than the overall value of the sample, we need fewer bits for the same
accuracy as in ordinary PCM and the required bit rate is reduced [1]. In the
example shown in Figure 3.17, PCM requires 5 bits (polarity and 4 bits for
16 quantum levels). DPCM, in which the only difference from the previous
sample is encoded, 4 bits is clearly enough to describe the difference between
subsequent samples.

For better quality or to further reduce the data rate, DPCM may
use several of the preceding samples to predict the next sample. The exam-
ple in Figure 3.17 shows that if two previous samples are used for predic-
tion the encoder and decoder assume that the next sample follows the
same slope. Now, 3 bits would be enough for the encoder to describe
the difference between the prediction and the actual sample value. The
decoder performs the same prediction and only the difference between
predictions shown in Figure 3.17 need to be transmitted. Further improve-
ment can be achieved if three previous sample values are used for predic-
tion, but more than three samples do not add much advantage [2].
Actually, the first simple form of DPCM in Figure 3.17, which encodes the
difference between preceding sample values, uses prediction as well burt that
prediction is based on only one sample and it equals the previous sample
value.
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Figure 3.17 DPCM.

These waveform coding methods do not introduce much delay because
prediction is based on previous sample values. DPCM methods require that
absolute sample values be transmitted periodically to prevent propagation of
errors. DPCM is sometimes used for digitized video transmission.

313 DM

DM is a very simple type of DPCM thart transmits the binary value 1 if the
sample is higher than the previous one. Binary value 0 is transmirtted if the
signal value has decreased. A variation of DM uses large quantizing steps
when the signal contains steep slopes and small steps when the signal does
not change much. This method is called continuous variable slope delta
(CVSD) modulation and it is an alternative to ordinary PCM in Bluetooth
speech transmission. CVSDM is also used in military voice applications [3].

3.74 Adaptive DPCM (ADPCM)

ADPCM combines two previously described methods, APCM and DPCM.
Further compression is achieved by adapting the predictor and the quantizer
to the characteristics of the signal. Both the encoder and the decoder use the
same algorithm to estimate the values of the following samples with help of
the preceding samples, and only the error to this estimate is transmitted as in
DPCM in Figure 3.17. To further reduce the number of bits per sample,
ADPCM adapts quantizing levels to the characteristics of the analog signal.
Figure 3.18 shows a simplified example in which the prediction error is ini-
tially small and all bits can be used for half of the full quantizing error scale.
Then the prediction error increases and the quantizing step size is doubled to
describe higher values of prediction error. When the prediction error
decreases, the quantizing step size is reduced again to describe properly small
errors. Adaprtation information is transmitted from encoder to decoder in
addition to the prediction error.

In the original 32-Kbps ADPCM method, the difference between the
predicted and actual sample value is coded with four bits, that is, into 15
quantum levels, and the darta rate is half that of conventional PCM. If several
subsequent samples vary widely, the quantizing steps are adapted to that
change so that four bits are enough for prediction error. If prediction errors
tend to increase, quantizing steps are increased and vice versa.

A
Prediction
error L g
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According to the ADPCM standard, commercial voice quality is coded
into 32 Kbps or even a lower (24 or 16 Kbps) bit rate. Samples are still taken
at 8 kHz but transmitted with four bits (in the case of 32-Kbps ADPCM)
and the quality is equal, or at least close, to the quality of ordinary PCM.

Recommendation G.728 for 16/24/32/46-Kbps ADPCM was
approved by the ITU-T in 1990 and has been adopted worldwide for digital
voice transmission between countries or within a country. It can partly
resolve the current compartibility problem berween North America’s and
Europe’s PCM formats, due to their different companding schemes, by act-
ing as a common language between the two PCM schemes.

There is also a recommendation for an ADPCM algorithm (G.722)
that will code 7.1-kHz bandwidth audio signals into 64 Kbps. This coding
scheme improves the quality of speech and it can be used for good quality
voice over ISDN networks.

ADPCM systems are available on the markert that convert two primary
rate PCM streams into one darta stream at the same rate by using ADPCM.
Two 32-Kbps ADPCM channels occupy one ordinary PCM channel. Net-
work operators use ADPCM to utilize long-distance transmission systems,
for example, submarine systems, more efficiently. Another application exam-
ple is in PABX networks where the offices of private enterprises are intercon-
nected by leased-line 64-Kbps channels. ADPCM doubles the capacity of
these expensive leased lines between PBX/PABXs. One application for
ADPCM is also in cordless telephones such as digizal enhanced cordless tele-
communications (DECT).

The ADPCM coding scheme is based on the statistics of speech and it
does not support modem or facsimile signals at higher data rates than 4,800
bps. Because of this, telecommunications network operators cannot use
ADPCM instead of PCM coding for all calls. This is a problem if ADPCM
systems are used inside a telecommunications network. One way to over-
come this problem is to have the ADPCM encoder detect whether a data or
facsimile connection is to be established and in that case disable the
PCM/ADPCM transcoder for that channel.

Up to this point we have discussed primarily waveform coding meth-
ods. The phrase waveform coding refers to attempts to describe the shape or
the waveform of the original analog signal, just as PCM, DPCM, and
ADPCM do. In a more efficient coding scheme in terms of data rate, such
as woice coding, which is implemented by vocoders, we divide speech into seg-
ments with lengths of some tens of milliseconds. Then we analyze each seg-
ment to find a model that describes it best and send parameters of the model
instead of trying to imitate the shape of the signal. An example of the so-

called hybrid methods that use both of the two main principles discussed ear-
lier is the voice coding of a cellular network, as briefly reviewed next.

3.15 Speech Coding of GSM

In cellular networks an efficient coding scheme is needed in order to make
maximum use of radio frequencies. The lower our data rate, the narrower the
frequency band we need for each call and the more simultaneous calls a given
frequency band supports, as we will see in Chapter 4. As an example of these
efficient coding schemes we now briefly review the principle that is used in
the GSM.

During efforts to standardize the speech-coding algorithm for GSM,
the goal was to achieve a 16-Kbps data stream with the same speech quality as
ordinary PCM. Waveform coding, such as PCM or ADPCM, did not give
sufficient quality at this low data rate. Voice coding methods did give a low
enough darta rate but not good enough quality. In a voice coder or vocoder,
the signal is modeled and the codes of the sound elements are sent. In the
decoder the speech is reproduced.

A combination of these two basic principles was selected. The maxi-
mum processing delay was restricted to less than or equal to 65 ms, which
requires the use of echo cancellers in the network. The original dara rate
became 13 Kbps, which was further reduced to 7 Kbps in 1995 with a more
efficient coding algorithm.

The selected efficient speech coding is always used at the radio path
where efficient utilization of transmission channels is more important than
in the wireline network. We will see in Chaprter 5 that to increase the radio
interface capacity we need to make cells smaller and build more base stations,
which is very expensive. For switching and interconnection to a fixed tele-
communications network, GSM coding is changed into ordinary PCM.

GSM'’s operating principle is as follows. The voice signal is first divided
into 20-ms slices. Each slice of the signal is analyzed and the periodicity is
noticed. The periodical component is subtracted by an analysis filter from
the original signal and the amplitude of the voice signal level is considerably
reduced (Figure 3.19).

The periodical high-power component is transmitted as a set of
parameters, and the low-level error or difference signal at the outpurt of the
analysis filter is waveform coded. This waveform coding does not require a
high bit rate because the amplitude of the error signal is low.

At the receiving end, a synthesis filter is used and, with the help of the
transmitted coefficients, it adds the periodical component to the error signal,
which is reproduced from waveform-coded samples.
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Figure 3.19 The principle of GSM speech coding.

3.9 Problems and Review Questions

Problem 3.1
Explain how the characteristics of digital data and voice communications

differ.

Table 3.2
Data Sequence for Digital Milliwatt

Word Bit Number
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Probfem 3.2

What is the wavelength 4 of the radio signal for (a) a 100-MHz FM radio and
(b) a 10-GHz microwave radio relay system?

Problem 3.3

A voltage waveform of a signal follows the equation x(#) = 5 cos(1 - 10° 9 V,
where = time. What are the frequency, amplitude, radian frequency, and
periodic time (period) of this signal?

Problem 34

Draw the signal () = 5 cos(1 * 10°# + 7/2) V. The vertical scale should be in
volts and the horizontal scale in milliseconds.

Probfem 3.5

Compare digital telecommunications technology with analog technology
and list the most important advantages of digital technology.

Problem 3.6
What are the main three phases of PCM encoding (A/D conversion)?
Explain how they are performed.

Problem 3.7

What is nonuniform quantizing and why is it used?

Problem 3.8

What is the minimum sampling rate of speech when the frequency band is
300 to 3,400 Hz and what is the minimum sampling frequency for high-
fidelity music of 20 Hz to 20 kHz?

Problem 3.9

Draw the spectrum of an analog signal after sampling when the sampling fre-
quency is 8 kHz and the signal that is sampled is a sine wave with a frequency
of 1 kHz. Draw the spectrum for each case when the analog signal frequency
is 2, 5, and 6 kHz. What happens in each case when we reconstruct the origi-

nal signal from the sampled signal with a lowpass filter that has a bandwidth
of 4 kHz?
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Problem 3.10

The digital compact disc (CD) player is designed for a sound bandwidth of 20
kHz. Linear encoding with 16 bits per sample is used. Define (a) the mini-
mum sampling rate, (b) the minimum binary data rate per channel (left or
right), (¢) the maximum SQR, and (d) the average SQR if the average signal

level is 30 dB below the maximum value.

Problem 3.11

Estimate whar bit rate would be needed for each voice channel in the digital
telephone network if linear PCM coding is used. The same performance,
with SQR ar least 40 dB art signal levels higher than —40 dBmO (sine wave), is
required. (Hinz: Estimate with the help of Figure 3.13 how much quantizing
noise should be reduced at signal level —40 dBm0 and how much longer sam-
ple words would be required for this.)

Problem 3.12

How much PCM voice or stereo music (assume that CD-quality music
requires 700 Kbps for both channels) can be stored in (a) a 1.44-MB (B =
byte = 8 bits) disc and (b) a 20-GB memory space of a hard disk?

Problem 3.13

Explain how (a) DPCM and (b) ADPCM reduce dara rates compared to
ordinary PCM.

Problem 3.14
Explain the basic principle of GSM speech coding.

Problem 3.15

The input power of an amplifier is 2 mW and output power is 1W. What are
the power levels (dBm) at the input and output and what is the gain of the
amplifier in decibels?

Problem 3.16

The input and output powers of a circuit are in listed in Table 3.3. What is
the absolute attenuation Z, absolute gain g, attenuation in decibels, gain in
decibels, and output power level for each case (a—€)?

Problem 3.17

What is the power in watts that corresponds to power levels of (a) 0 dBm, (b)
3 dBm, (c) -3 dBm, (d) 10 dBm, (e) 20 dBm, (f) 100 dBm, and (g) —100
dBm?

Problem 3.18

Figure 3.24 illustrates a telecommunications connection using a geostation-
ary satellite. Calculate the input and output powers of the satellite amplifier
and outpurt power of the antenna art the receiving Earth station. Define both
power levels in dBm and absolute power in watts. Use decibels and derive
power levels, in dBm values, first.

Problem 3.19

The input power of a 40-km cable system is 2W (power at the beginning
of the cable). An amplifier with a 64-dB gain is installed 24 km from the

Table 3.3
Input and Output Powers of a Circuit

Pin P-nm

fa)  1mW 1 mW
(b} 1mW 0.5 mW
fcb  1mW 4 mW
() 10mW 10W
e} 10W 10 mW

Gain of the satellite:

g=80dB
Gain of the antenna:
g=30dB
Uplink attenuation: g=30dB Downlink
L=200dB L=200dB

g=50dB

Transmitting ..
Earth station g=70dB Recewmq

P = 100W Earth station
i L P=7

" out
Figure 3.24 Satellite transmission link.

input. Define the signal power level, dBm, and absolute power at (a) the
input of the amplifier and (b) the output of the system. The attenuation of
the cable is 2.5 dB/km.

Mr. ]. Johnson, KIOT, Wollo University

Page 41



