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Transmission

Transmission is the process of transporting information between end points
of a system or network. As we have seen in previous chapters, the end-to-end
communication distance is often very long and there are many electrical sys-
tems on the line. These systems, network elements such as exchanges, are
connected to the other elements with connections provided by the transmis-
sion systems. In this chapter we discuss the basic restrictions and require-
ments for transmission and the characteristics of various transmission media
and equipment used in the telecommunications core network. The transmis-
sion systems for access networks for high-data-rate customer access to the
Internet are discussed in Chapter 6.

4.1 Basic Concept of a Transmission System

In this first section we look at the basic elements present in all transmission
systems. We introduce the basic functions of these elements and discuss their
roles for the successful transmission of information.

411 Elements of a Transmission System

The main elements of a communication system are shown in Figure 4.1. The
transducers, such as a microphone or a TV camera, that we need to convert
an original signal to an electrical form are omitted; unwanted disturbances
such as electromagnetic interference and noise are included. Note that
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Figure 4.1 Basic concept of transmission system.

bidirectional communication requires another system for simultaneous
transmission in the opposite direction.

4.1.1.1  Transmitter

The transmitter processes the input signal and produces a transmitted signal
suitable to the characteristics of a transmission channel. The signal process-
ing for transmission often involves encoding and modulation. In the case of
optical transmission, the conversion from an electrical signal format to an
optical one is carried out in the transmirter.

4.1.1.2 Transmission Channel

The transmission channel is an electrical medium that bridges the distance
from the source to the destination. It may be a pair of wires, a coaxial cable, a
radio path, or an optical fiber. Every channel introduces some amount of
transmission loss or attenuation and, therefore, the transmitted power pro-
gressively decreases with increasing distance. The signal is also distorted in
the transmission channel because of different attenuation at different fre-
quencies. Signals usually contain components at many frequencies and if
some are attenuated and some are not, the shape of the signal changes. This
change is known as distortion. Note that a transmission channel often
includes many speech or data channels that are multiplexed into the same
cable pair or fiber. The principle of multiplexing is explained later in this
chapter.

4.1.1.3 Receiver

The receiver operates on an output signal from the channel in preparation
for delivery to the transducer at the destination. Receiver operations include
filtering to take away out-of-band noise, amplification to compensate for
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transmission loss, equalizing to compensate for distortion (different attenua-
tion of frequency components), and demodulation and decoding to reverse
the signal processing performed at the transmitter.

4.1.1.4 Noise, Distortion, and Interference

Various unwanted factors impact the transmission of a signal. Attenuation is
undesirable because it reduces signal strength at the receiver. Even more seri-
ous problems are distortion, interference, and noise, the last of which appears
as alterations of the signal shape. To decrease the influence of noise, the
receiver always includes a filter that passes through only the frequency band
of message frequencies and disables the propagation of out-of-band noise.

41.2 Signals and Spectra

Electrical communication signals are time-varying quantities such as voltage
or current. Although a signal physically exists in the time domain, we can also
represent it in the frequency domain where we view the signal as consisting of
sinusoidal components at various frequencies. This frequency-domain
description is called the specsrum.

Any physical signal can be expressed in both domains. In the time
domain we draw the amplitude along the time axis and in the frequency
domain we draw the amplitude (and phase) along the frequency axis.
Although both of them give a perfect description of the signal, both presenta-
tions are needed for easier understanding of the different phenomena. The
time-domain signal is the sum of the spectral sinusoidal components. Fourier
analysis gives the mathemartical connection between the time- and
frequency-domain descriptions. Here we merely introduce the connection
between the time-and frequency-domain descriptions with a couple of exam-
ples. The reader is referred to [1] for mathemarical treatment of the transfor-
mation between the time and frequency domains.

In Figure 4.2, two examples of time-domain signals and corresponding
spectrums are presented. In the first example we see an ordinary rectangular
digital pulse with duration of 7 seconds and its corresponding spectrum. If,
tfor example, the pulse a duration 7'= 1 ms, the strongest spectral content lies
below 1 kHz (1/7 = 1/1 ms = 1,000 1/s = 1 kHz), as shown in Figure 4.2.
From this we get a thumb rule that we can send 1,000 pulses of this kind ina
second through a channel with a bandwidth of 1 kHz, which corresponds to
a 1-Kbps binary data rate.

To increase the data rate, we should decrease T and the spectral width
and the required bandwidth is increased correspondingly. For example, for a
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Figure 4.2 Signalsin the time domain and the spectrum.

10 times higher dara rate, we must use a 10 times shorter pulse, which would
require a 10 times wider bandwidth.

In the other example in Figure 4.2, a digital pulse is sent as a radio-
frequency burst. This is one example of digital amplitude modulation (AM)
known as amplitude shift keying (ASK). Now the spectrum is concentrated
around the carrier frequency, f, instead of zero frequency. Note that the
spectral width around carrier frequency depends only on the pulse duration
T, as in the previous example. If we now increase the data rate (decrease pulse
duration), we make the spectrum wider, and a wider radio-frequency band is
required. Note thart if we let 7 increase without limit, the spectral width
decreases and we finally have only one component in the spectrum, the car-
rier frequency.

Bandwidth is one of the main restricting factors for transmission. The
goal of the two preceding examples was to help us understand the connection
between the data rate and the required bandwidth. By understanding this we
can understand, for example, why efficient speech-coding schemes are
required in cellular systems. By reducing the data rate we increase the
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network capacity in terms of maximum number of simultaneous calls via a
radio-frequency band available for the system.

4.2 Radio Transmission

In radio transmission we have to transfer the spectrum of the message into
the radio-frequency band for transmission. For this we use continuous or car-
rier wave (CW) modulation.

421 CW Modulation Methods

The primary purpose of CW modulation in a communication system is to
generate a modulated signal suited to the characteristics of a transmission
channel. Modulation is needed in the transmission systems to transfer the
message spectrum into high radio frequencies that propagate over radio
channels. CW modulation is also used in voice-band modems where digital
data modulate the carrier frequencies inside the voice frequency band.

In CW modulation the message alters the amplitude, frequency, or
phase of the high-frequency carrier (Figure 4.3). This alteration is detected in
the demodulator of the receiver and the original message is reproduced.

We saw in Section 3.3 that a cosine wave such as a carrier is defined by
three characteristics: amplitude, frequency, and phase. In the CW modula-
tion that we use in radio systems, we insert the message into the carrier wave
by altering these three factors of the carrier wave according to the message to
be transmitted.

422 AM

The original carrier wave has a constant peak value (amplitude) and it has a
much higher frequency than the modulating signal, the message. In AM the
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eceiver
Detected
Message Transmission channel message
—®| Modulator -7 omoTommemsmmmmemmees ™ Demodulator———>

Modulated carrier wave

T

Carrier wave

Figure 43 CW modulation.

peak value of the carrier varies in accordance with the instantaneous value of
the modulating signal and the outline wave shape, or envelope, of the modu-
lated wave follows the shape of the original modulating signal as shown in
Figure 4.4. Thus, the unique property of AM is that the envelope of the
modulated carrier has the same shape as the message.

We can show with the help of a simple mathemartical analysis that
when a sinusoidal wave at carrier frequency . Hz is amplitude modulated by
a sinusoidal modulating signal at message frequency f, Hz, the modulated
wave contains the following three frequencies, as shown in Figure 4.4:

o The original carrier frequency, f*Hz;

e The sum of the carrier and modulating signal frequencies, (£ + f.)
Hz;

o The difference between the carrier and modulating signal frequencies,

(f- £) Hz.

These sum and difference frequencies are new, produced by the AM
process and they are called sideband frequencies. In this case the bandwidth
of the modulated signal is
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Figure 4.4 Amplitude modulation and its spectrum.
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(f.+ £.)-(f. - f.)=2f., (4.1)

If the modulating signal contains multiple frequency components, a
band of frequencies such as those in speech or music, the AM process trans-
fers the message spectrum with the carrier. The message spectrum appears
after the modulation on both sides of the carrier and the required bandwidth
is doubled. Figure 4.4 shows an example in which the original message with
baseband bandwidth W modulates a carrier at the frequency £. Each individ-
ual frequency component that the message conrtains produces upper and
lower sideband frequencies around the carrier frequency, and complete
upper and lower sidebands that conrain all frequencies of the message are
obtained.

If the message is in digital formar, the amplitude of the carrier is
changed rapidly from one value to another. This is called “keying” because in
early wireless telegraph systems the carrier was switched on and oft with each
keystroke by an operator. This type of digital AM is called amplirude shift
keying and its spectrum was presented previously in Figure 4.2.

AM is the oldest modulation method but it is still used in radio broad-
casting. The original AM has further developed into the suppressed carrier
double-sideband (SCDSB), single-sideband (SSB), and vestigal-sideband (VSB)
versions, which are briefly introduced next. These principles are explained in
the frequency domain, because they are more difficult to understand in the
time domain (Figure 4.5).
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Figure 45 Modulation methods SCDSB, SSB, and VSB.

4221 SCDSB

In the case of AM, the carrier is in the air even when there is no information
to be transmitted. It can be shown that even with the maximum informa-
tion amplitude, at least 50% of the total transmission power is spent on
the carrier wave in AM. Constant amplitude, frequency, and phase car-
rier wave do not carry any information and transmission of the carrier wave
is a waste of power from a performance point of view. In the SCDSB,
or DSB for short, modulation scheme, the carrier wave is suppressed and
all the power is used for sidebands that carry the information as shown in
Figure 4.5.

The cost incurred to save power with the help of SCDSB is that more
complex transmitters and receivers are required, but this is no longer impor-
tant with current technology. The detector in the receiver cannot find the
message by following the envelope only. The received carrier wave reverses
phase every time the message crosses zero and, in addition to the amplitude,
the phase also has to be detected. SCDSB is used, for example, for stereo
information processing in analog FM radio broadcasting systems, and
together with phase modulation it is used in many modern systems, such as

digiral radio and TV broadcast systems.

4.2.2.2 SSB Modulation

Conventional AM doubles the bandwidth of the message wasting bandwidth
in addition to power. Suppressing one of the sidebands reduces the transmis-
sion bandwidth and leads to SSB modulation, as shown in Figure 4.5.

The bandwidth of a transmission channel is an especially important
restriction of the carrier systems in the telecommunications networks. SSB
modulation is used in the analog carrier systems that are designed to transmit
as many telephone channels as possible through a bandwidth-limited chan-
nel such as a cable. SSB modulation doubles the capacity (the number of
speech channels) compared with AM and SCDSB.

4.2.2.3 VSB Modulation

Consider a modulating signal, for example, the video portion of a television
signal, that has a very wide bandwidth and significant low-frequency con-
tent. The bandwidth conservation principle argues in favor of SSB modula-
tion, but practical SSB systems have a poor low-frequency response because
of the filtering of the other sideband. The SCDSB would be better for this
kind of application but it requires a double bandwidth. Clearly, a modula-

tion scheme that negotiates a compromise berween SSB and SCDSB is
required and this is called VSB modulation.
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VSB modulation is derived by filtering SCDSB (or AM; VSB is often
used with a carrier) in such a fashion that one sideband is passed on almost
completely while just a trace, or vestige, of the other sideband is included. In
the receiver detection circuitry the vestige of the lower sideband is added to
the upper sideband. This improves the quality, making the frequency
response flat to very low frequencies of the message. This method is used in
analog TV video transmission.

All of the modulation methods described in this section belong to the
class of linear CW modulation method. Consider their common properties:

¢ The modulated bandwidth never exceeds twice the message spectrum.

¢ The transmission spectrum is basically the transferred message
spectrum.

¢ The destination S/N is never better than if the baseband transmission
was used (no modulation at all). This means that the noise power
added to the transmirtted signal on the line is detected in the receiver
together with the desired modulating signal and the S/N is not
improved in detection.

The exponential modulation methods of frequency modulation (FM)
and phase modulation (PM) that we will discuss next differ on all of these
counts.

423 FM

In contrast to linear modulation, exponential modulation is a nonlinear
process and therefore the modulated spectrum is not related to the message
spectrum in a simple fashion.

The modulated waveform after exponential modulation can be
expressed by the following equation:

x (:)=A cos[wrr + qb(t)] =A Re{ej[‘”"+""{‘}]} (4.2)

where ¢(#) represents the varying phase or the frequency containing the mes-
sage, A, is the constant amplitude, w, = 27f is the angular frequency of the
carrier wave, and Re means that we take the real part of the exponential func-
tion in brackets. As we can see, the message is inserted into the angle of the
carrier wave or in the exponent of the function describing a cosine wave. This

is why these modulation methods are called either angle or exponential
modulations.

In FM the instantaneous frequency of the carrier is varied according to
the message and its amplitude is kept constant. Figure 4.6 shows an example
in which the frequency of the carrier is increased when the value of the
modulating message is increased and vice versa. We can assume that FM
has good noise performance, because if the amplitude is distorted we can
cut it back to the constant value in the receiver, thus eliminating most of
the external disturbances. In the detector of the receiver only the instants
when the signal curve crosses zero voltage need to be detected. The distur-
bances are highly attenuated because a large amplitude change has only a
slight impact on the position of the crossing points. This helps us understand
that the noise added to the transmitted signal on the line does not reduce the
postdetection S/N as much as in the case of linear modulation. Actually the
S/N can be improved in detection. This advantage is paid for by a wider
transmission bandwidth. For example, commercial FM broadcasting uses
more than 200 kHz of bandwidth for the transmission of a 15-kHz message
band.

The characteristics of the spectrum of an FM signal are not as simple as
those for linear modulation methods. However, in digital FM we use one
carrier frequency for each digital symbol value. In the binary case we may
transmit 0 for a lower frequency and 1 for the higher frequency, and each
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Figure 4.6 FM.
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transmitted bit generates spectrum similar to the radio-frequency burst
shown in Figure 4.2 around its center frequency. Now we see that width of
the spectrum also depends here on the darta rate, which defines length of the
burst in Figure 4.2, and the distance between higher and lower frequencies
used.

As an example of digital FM, some older generation voice-band
modems use the digital form of FM called frequency shift keying (FSK). For
example, a 1,200-bps V.23 modem uses two frequencies, 1,300 Hz for
binary 0 and the 2,100 Hz for binary 1. Another example is digital frequency
modulation of GSM in which two frequencies, 67.7 kHz above and below
the nominal carrier frequency, are used for binary transmission [2].

424 PM

PM is another method in the class of exponential modulations. In PM the
instantaneous phase, instead of frequency, is varied linearly according to the
message. Therefore, if the message has discontinuities, there will be disconti-
nuities in the modulated carrier wave as well (Figure 4.7). The spectral char-
acteristics are nearly the same as in the case of FM. Figure 4.7 shows an
example where the phase of the carrier is increased with the strength of the
message. When message returns to zero there is a sudden phase change when
the carrier returns to its nominal phase.

In digital binary PM, which is called &inary phase shift keying (BPSK),
the phase of the carrier is varied according to whether the digital signal is
1 or 0. Figure 4.8 shows an example of BPSK where the digital sequence of
0011011... is cransmitted. In binary phase modulation we need only two car-
rier phases, which are chosen to be 0° for binary 0 and 180° for binary 1 in

Figure 4.8.
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Figure 4.8 Digital PM.

Often we use more than these two phases of the carrier in digital modu-
lation. When four carrier phases are used, each phase transmits the value of
two binary bits and we talk about quadrarure phase shift keying (QPSK). Fig-
ure 4.8 illustrates an example of QPSK. An original carrier wave and the
modulated one are drawn in the figure. At a point in time a pair of bits is
taken from the incoming bit stream (110001101111...) of the modulator
and the carrier phase is shifted according to the value of these two bits until
the next two bits are received.

One easily understandable way to describe digital phase modulation is
by means of a constellation diagram, as shown in Figure 4.8. In the constella-
tion diagram, the [ axis refers to the in-phase carrier wave and @ stands for
the quadrature carrier, that is, the carrier in 90 phase shift. Each signal point
in the diagram represents one possible transmitted “symbol” or waveform
that represents binary values of one or two bits in the examples of Figure 4.8.
‘We can see easily from the constellation diagram for QPSK thar, for exam-
ple, the bit combination 01 is sent as a carrier with a +90° phase shift. The
distance of the signal point from the origin tells the carrier amplitude that is
the same for all symbols in our examples in Figure 4.8.

To get an idea abourt the spectral requirements of digital phase modula-
tion, we can consider a single BPSK carrier burst representing for example a
single 0-bit. Its spectral width depends on the duration of the symbol, which
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equals 7 in Figure 4.2. Symbol rate or modulation rate 1/7 is expressed in
bauds. Then most of the spectrum resides in the frequency range from f —
1/Tto £+ 1/T as shown in Figure 4.2. Binary 1 differs only by the carrier
phase and the amplitude spectrum is the same. If we double the darta rate of
BPSK we have to cut symbol duration 7 to half, which doubles the required
bandwidth. On the other hand, we can double the bit rate without increasing
the bandwidth by using QPSK, in which each symbol carries two bits instead
of one as shown in Figure 4.8. If symbol duration remains the same, the
spectral width remains the same as well.

We could increase the data rate further by using eight different carrier
phases as in 8-PSK in Figure 4.9. If the modulation rate is the same for BPSK
in Figure 4.8 and for 8-PSK in Figure 4.9, both methods occupy the same
trequency band but the bit rate of 8-PSK is three times that of BPSK. The
cost we pay for this increased data rate is lower noise tolerance. If the trans-
mission power of both systems is the same, the distance of signal points from
origin is the same in Figures 4.8 and 4.9. Then the 8-PSK signals are much
closer to other signals than are those in BPSK, and much lower noise or
interference can cause errors in the receiver. The 8-PSK is used in cellular
networks to increase the data rate in low-interference environments. If inter-
ference increases, modulation is changed to binary modulation, which toler-
ates higher interference.

Use of more phases than in 8-PSK is usually not feasible because of
reduced noise tolerance. Instead we can combine AM and PM as shown in
Figure 4.9 to become 16-QAM. This combination of phase and amplitude
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Figure 4.9 8-PSK and 16-QAM.

modulations is called guadrature amplitude modulation (QAM). In Figure 4.9,
16-QAM uses three amplitudes and 12 different phases to create 16 different
carrier waveforms, each representing one combination of four bits. If the sym-
bol or modulation rate is the same in 16-QAM as in BPSK, the spectral width
of the radio signal remains the same but the bit rate of 16-QAM is four times
that of BPSK. If we prefer to save spectrum instead of increasing the data rate,
16-QAM could use four times longer radio bursts than BPSK for the same bit
rate. This would reduce the radio-frequency band to one-fourth of BPSK as
we can see from Figure 4.2.

The optimum modulation method for a particular system depends on
the quality of the transmission channel. In voice-band modems, which use
low-noise speech channels, very large constellations with hundreds of differ-
ent combinations of phases and amplitudes are feasible. In bad quality chan-
nels, such as in cellular networks, binary modulation may be the best choice.

Phase modulation together with amplitude modulation is used in many
modern digital transmission systems, such as in digital radio relay systems,
voice-band modems, and digital video broadcasting (DVB) systems, which
use 64-QAM.

4.25 Allocation of the Electromagnetic Spectrum

Signal transmission over an appreciable distance always involves the traveling
of an electromagnetic wave, with or without a guiding medium. The effi-
ciency of any particular transmission method depends on the frequency of
the signal being transmitted. With the help of CW modulation, the spec-
trum of the message is transferred to the suitable frequency band of the
medium.

The use of frequency bands is controlled internationally by the ITU-R
and nationally by national telecommunications authorities. Radio systems
are often the most economical solution when new connections are required
and there are no free cables or fibers between the end points of the connec-
tion. Figure 4.10 illustrates the frequency range that is used in telecommuni-
cartions and it also shows some examples of the usage of different frequencies.

In Figure 4.10 the electromagnetic spectrum used in telecommunica-
tions is shown together with typical transmission media, the propagation
modes, and some application examples.

However, radio systemss have one important problem that restricts the
use of radio communication, namely, lack of frequency bands. The most
suitable bands are overcrowded, and new technical inventions are needed in
order to overcome this problem. Among these are, for example, cellular
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Figure 4.10 Allocation and applications of electromagnetic spectrum.

mobile systems and WLANSs with small cell areas that enable them to use fre-
quencies again in other cells of the same network, narrow beam radio relay
systems, sophisticated modulation schemes for radio relays, and digital
broadcasting systems. We saw in Section 4.2.4 that we can decrease the
modulation rate and, correspondingly, the required bandwidth with the help
of more complicated modulation schemes.

4.25.1 Wavelength and Frequency

The wavelength shown on the left-hand side of Figure 4.10 indicates the
propagation distance during one cycle of the radio wave. It is related to the

frequency and speed of light and electromagnetic wave according to 4 = ¢/f
where A is the wavelength in meters; ¢ is the propagation speed of light or
radio wave in meters per second, approximartely 300,000 km/sec; and fis the

frequency in Hz = 1/sec.

4.25.2 Propagation Modes

Radio waves art different frequency bands propagate in different propagation
modes. They are very briefly explained as follows:

o Ground wave: The radio wave follows the surface of the Earth, and
thus communication over the horizon is possible.

e Skywave: The radio wave is reflected from the ionosphere back to
Earth. The wave is reflected back from the Earth’s surface and back
to the Earth again making long-distance communication possible.
The communication quality is not stable because the characteristics
of the ionosphere vary with time.

e Line of sight: The radio wave propagates along the straight line from
the transmitter to the receiver. A general requirement for good per-
formance is that the receiving antenna be visible from the transmitter.
The radio frequencies above 100 MHz that propagate in line-of-sight

mode are used in most modern communication systems.

As the demand for radio communications has increased, higher and
higher frequencies have been put into use. However, as we will see in the next
section, the attenuation of the radio wave increases with frequency and at
extremely high frequencies, beyond 10-100 GHz, even weather conditions
affect attenuation. This is why there are no applications at frequencies higher

than the exzra high frequency (EHF) band (Figure 4.10).

4.253 Optical Communications

At the infrared light frequencies just below visible light (wavelength 400—700
nm) a controlled transmission medium, optical fiber, provides very low
attenuation. Optical fiber is the most important media for high-capacity
long-distance transmission. It is used in national long-distance networks as
well as in international and intercontinental submarine systems.

The commercial optical communication systems of today use binary
light pulses for transmission. The transmitted information is usually in
binary form, which means that the receiver either detects light or does nort.
The present optical systems are not able to use transmitted light as a carrier
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wave in the same way that radio systems do. Radio systems are able to change
phase and frequency of the carrier wave, not just intensity. Traditionally, one
optical signal occupies the whole fiber although a small portion of its very
wide frequency would be feasible. Characteristics of optical fibers are intro-
duced in Section 4.7.

However, development of narrowband oprical transmirtters and oprical
filters has made it possible to increase the data transmission capacity by
inserting multiple oprical channels into the same fiber with the help of the
dense wavelength division multiplexing (DWDM) system, which is introduced
later in this chaprer.

As technology is developed, we will be able use light at a certain fre-
quency as a carrier wave. Then we can increase fiber capacity further by uril-
izing the CW modulation methods discussed previously. The utilization of
this so-called coherent optical technology will increase the transmission
capacities of optical fibers dramarically in the future.

426 Free-Space Loss of Radio Waves

Most radio systems of today operate well above 100 MHz where the radio
wave travels a direct path from the transmitting antenna to the receiving
antenna. This propagation mode is called line-of-sight propagarion.

The power of the radio wave is reduced with distance just as a cable
attenuates propagating electrical signals. The attenuation of a radio wave,
free-space loss, on the line-of-sight path is due to the spherical dispersion of
the radio wave. Here we assume that both antennas are isotropic antennas,
which radiate to and receive from all directions equally. The transmitted
power from isotropic antennas is distributed over a spherical surface and the
radiated power per unit area decreases in proportion to the square of the
radius because the area of the spherical surface increases in proportion to the
square of the radius. The area of the spherical surface follows the equation 4
= 47 /*, where /is the radius. The power density flow Fthrough the surface of
a sphere art distance /from isotropic antenna becomes F= P /(4x/?) [W/m?)
as shown in Figure 4.11 [3].

The receiving antenna is able to receive the power that passes through
its effective aperture area or caprure area [4]. The effective aperture area of the
receiving isotropic antenna is proportional to the square of the wavelength
according to A,; = A*/(4x), and received power becomes Py = A,; F[W]. From
these two facts we can easily derive that the free-space loss, that is, the ratio of
transmitted power and the received power in the case of isotropic antennas,
where antenna gains gy = gy = 1, is

F=P;/la r) F=P./(4x )

Effective aperture
area of the
receiving antenna

Transmitting
isotropic
antenna

2

| !

Figure 4.11 Radio wave loss with isotropic transmitting antenna.
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where A is the wavelength, fis the frequency of the signal, ¢ is the speed of
light, and /is the transmission distance (Figure 4.11).

We usually prefer to describe attenuation or loss in decibels instead of
by the absolurte value as given in the previous equations. We obrain the for-
mula that gives decibel values by taking L,z = 10 log,, L. Now if we express
the frequency f in gigahertz ( /= fiy, - 10° ) and /in kilometers (/ =

- 10%), we get the free-space loss of a radio wave in decibels as follows:
Ly =924+ 20log,, foy, +20log, 7 dB (4.4)

‘We see that the loss or attenuation is proportional to 20 times the loga-
rithm of frequency and distance. So if the distance or frequency is doubled,
the attenuation increases by 6 dB. If we want to maintain the received power,
we have to increase the transmitted power by 6 dB, which requires a four
times higher transmission power. This comes from the fact that the power
ratio in decibels is 10 log,,(7/P,) dB, as we saw in Chaprer 3.

The free-space loss shown in (4.4) may give results that are too optimis-
tic by as much as 30 dB in actual conditions. Additional attenuation is intro-
duced if there is a hill, a building, or a wall on or close to the straight line
berween the transmitting and receiving antennas. This is most often the case
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in mobile radio communication where actual attenuation may be of the
order of 30 dB higher than free-space loss. To estimate the impact of the
environment, several propagation models have been developed for cellular
network planning. However, free-space loss in (4.4) clearly explains the
impact of frequency and distance on radio wave attenuation.

4.277 Antennas

Link loss was calculated assuming that antennas are isotropic, which means
that they transmit and receive equally to and from all directions. This
assumprion keeps the artenuarion independent of the antennas in use. How-
ever, practical antennas have a focusing effect that acts like amplification,
compensating for some of the propagation loss. This focusing effect can be
expressed as a gain of an antenna, although a passive antenna cannort actually
amplify the signal. The maximum transmitting and receiving gain (to direc-
tion of maximum radiation or sensitivity) of an antenna with effective aper-
ture area A, is [1]

A 4mA  4mAf7
. T 4.
74 A2 c? (£3)

The value of A, for a dish or horn antenna approximately equals its
physical area and large parabolic dishes may provide gains in excess of 60
dBi, where dBi stands for gain in decibels compared with an isotropic
antenna. The received power and overall radio link loss when antenna gains
are considered becomes (Figure 4.12)

T Py L
p=88rp . T __ T (4.6)
L Py grg&r
In decibel formar received power levels and link loss become
Py agm = Prapm + £r.ani + Erani — Las (4.7)

Ligas =Lip — Zram — Zroani

Note that both antennas have equal impact on the received power level
and use of a directional receiving antenna at, for example, the base station
site of a cellular network reduces link loss and required transmission power of
the mobile station.

L
s - =
J gT
Pr . . Py
I
Figure 4.12 Attenuation of the radio wave.

In this section we have reviewed radio transmission at different fre-
quencies and modulation methods that are used to transfer a message to the
radio-frequency band for transmission. We have also examined the propaga-
tion loss of radio waves. Many other things must considered in radio system
engineering but they are beyond the scope of our brief introduction to radio
transmission.

In the following section we look at the general characteristics of trans-
mission channels and how the maximum transmission data rate depends on
the bandwidth and noise of the channel.

4.3 Maximum Data Rate of a Transmission Channel

A fundamental limit exists for the dara rate through any transmission chan-
nels, as we will see later in this section. The main restricting factors are the
bandwidth and the noise of the channel.

431 Symbol Rate (Baud Rate) and Bandwidth

Communication requires a sufficient transmission bandwidth to accommo-
date the signal spectrum; otherwise, severe distortion will result. For exam-
ple, a bandwidth of several megahertz is needed for an analog television video
signal, whereas the much slower variations of a telephone speech signal fit
into a 4-kHz frequency band.

Every communication channel has a finite bandwidth. The higher the
dara rate to be transmitted, the shorter the digital pulses that can be used, as
we saw in Section 4.1. The shorter the pulses used for transmission, the
wider the bandwidth required, as we saw in Figure 4.2. When a signal
changes rapidly in time, its frequency content or spectrum extends over a
wide frequency range and we say that the signal has a wide bandwidth.
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Figure 4.13 shows the shape of a rectangular pulse with duration T
before and after it passed through an ideal lowpass channel of bandwidth B.
For example, if the duration of the pulse 7= 1 ms, distorted pulses are shown
in the figure for the channel with bandwidths B=2-1/7T=2kHz, B=1/T =
1 kHz, B =1/2-1/7 = 500 Hz, and B = 250 Hz. If the next pulse is sent
immediately after the one in the figure, the detection of the pulse value will
be impossible if the bandwidth is too narrow. The spread of pulses over other
pulses, which disturbs detection of other pulses in the sequence, is called
intersymbol interference.

In baseband transmission, a digital signal with r symbols per second,
bauds, requires the transmission bandwidth B to be in hertz:

B=r/2 (4.8)

Thus the available bandwidth in hertz determines the maximum sym-
bol rate in bauds. Note that the symbol is not necessarily the same as the bit,
but it can carry a set of bits if it is allowed to get many different values.

We can find the theoretical maximum of the symbol or baud rate with
the help of a special pulse called the sinc pulse. The shape of the sinc pulse is
drawn in Figure 4.13 and it has zero crossings at regular intervals 1/(2 W).
With the help of Fourier analysis, we can show thart this kind of pulse has no
spectral components at frequencies higher than W. If the channel is an ideal

Distorted pulses

at the output of the

B=1*1T channel. The shape
T of the output pulse

B=12*\T depends on the

B=1/4* 1/ 7 bandwidth B

of the channel.

Rectangular B=2*1T

Pulse distortion in input pulse

a lowpass channel:

L | Transmission | =L~
—| channel, >
bandwidth B

) Sinc-pulse and the minimum transmission bandwidth:
The sinc-pulse:

"7~ Next pulse
.
Spectrum of the Ld;:: r:g}ﬂ\.ﬂﬁlsis
N e Sinepulse— i Ly ¥ bandwidth B
T oy =

0 12w 'Hfi,;lEW} Time/sec
22w}
For a baseband digital signal with r symbols per second, the bandwidth mustbe B ==#2.

0 WE Frequenc;sz

Figure 4.13 Symbol rate (baud rate} and bandwidth.

lowpass channel with a bandwidth higher than W/ it is suitable for transmit-
ting sinc pulses that have their first zero crossing at #= 1/2 Wwithout distor-
tion. The shape of the pulse remains the same because all frequency
components are the same at the outpur as at the input of the channel.

The sinc pulses have zero crossings at regular periods in time. These
periods are 1/(2 W) seconds for a sinc pulse with a spectrum up to frequency
W as shown in Figure 4.13. We can transmit the next pulse at the time
instant 1/(2W) so thart the previous pulse has no influence on the reception
because it crosses zero at that time instant. The decision for the value of the
pulse is made in the receiver exactly at time instants 7' 1/(2W), where n =
+1, *2, 3, .... The time between pulses 7" =1/(2W), which makes data
rate r= 1/7 = 2 W. If we now increase the data rate so that W B, the time
between pulses becomes T—=1/(2B); r =1/ T = 2B, which gives the theoreti-
cal maximum rate for transmission of symbols and we can say that the sym-
bol rate and bandwidth are related according to r = 2Bor B = #/2.

This kind of pulse does not exist in reality, but the result gives the theo-
retical maximum symbol rate, which we can never exceed, through a lowpass
channel. In real-life systems quite similar pulse shapes are in use and typically
a 1.5 to 2 times wider bandwidth is needed.

43.2 Symbol Rate and Bit Rate

In digital communications a set of discrete symbols is employed. Binary sys-
tems have only two values represented by binary digits 1 and 0. In the previ-
ous section we found that the fundamental limit of the symbol rate is twice
the bandwidth of the channel. With the help of the symbols with multiple
values the dara rate, in bits per second, can be increased. As an example, with
four pulse values we could transmit the equivalent of 2-bit binary words 00,
01, 10, and 11. Thus each pulse would carry the information of 2 bits and
one symbol per second (1 baud) would correspond to 2 bps.

If we use a sinc pulse as in Figure 4.13, the preceding and following
pulses do not influence the detection of a transmitted pulse, because each
received pulse is measured at a zero crossing point n-1/(2W) of the other
pulses. We may increase the number of peak values of sinc pulses from two to
four, from four to eight, for example, in order to increase the bit rate while
keeping the symbol rate unchanged. Figure 4.14 shows a simple example
where symbols are rectangular pulses with four symbol values and each sym-
bol carries two bits (£ = 2) of information. Generally, the bit rate depends on
modulation rate according to

r, =k r bps (4.9)
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where /£ represents the number of bits encoded into each symbol. Then the
number of symbol values is M = 2* and the bir rate is given as 7, = rlog, M
bps. In the example of Figure 4.14, the number of symbol values is M = 2* =
2 = 4, and the bit rate r, = £ * r bps = 27 bps. Then the symbol rate of 1
kbaud makes the birt rate 2 Kbps.

The unit of symbol rate, sometimes called the modulation rare, is
bauds (symbols per second). Note that the transmission rate in bauds may
represent a much higher transmission rate in bits per second. Table 4.1
shows how the bit rate of a system depends on the number of symbol values.

Figure 4.14 also shows a data sequence of sinc pulses with four ampli-
tude values. The required bandwidth for pulses in this sequence is the mini-
mum bandwidth B=#/2 = 1/(2T") according to (4.8) and Figure 4.13. WWhen
pulses are detected by sampling as shown in Figure 4.14 each pulse can be
detected independently because values of all other pulses are equal to zero.

In the preceding examples, the amplitudes of the pulses contain the
information. This is the principle of PAM, as discussed earlier. This is not
the only alternative. We can use other characteristics of the signal as well to
create multiple symbol values, for example, the phase of a carrier, as we did in
the case of QPSK and 8-PSK in Figures 4.8 and 4.9. There we used a certain
modulation rate r in bauds (how many times the phase can change in a sec-

ond), which defines a required bandwidth. For QPSK 2 bits (£ = 2) are

4 Amplitude values
0 A3 203 A «—p A

Data sequence

[ 1 [ ] [ ] .

00 01 10 1 01 10 11 00 01 10 t/sec
r=1T
0 A3 2A3 A A r,=k*1T=k*r=
T 2UYT=2*%r
-+

‘-.._./T‘--.__./l\\/‘“‘— — |\ t!sec
Samplin

00 o1 o-n insta[r)lt ’ ? 1 1 1‘ T T

Detected A3 2A/3 A 0 A/3 2A/3

value 01 10 11 00 01 10

Figure 414 Symbol rate and bit rate.

Table 4.1
Bit Rate of a System Using Multiple Symbaol Values

Number of Bits, k, Encoded Number of Symbol Bit Rate Compared
into Each Symbol Values, M with Symbol Rate
1 2 Same as symbol rate
2 4 2 = symbol rate

3 8 3 = symbol rate

4 16 4 x symbol rate

5 32 5 x symbol rate

8 256 8 x symbol rate

encoded into each symbol and the bit rate is two times the modulation rate.
For 8-PSK, £=3 and r, = 3. The 16-QAM example in Figure 4.9 used 16
combinations of carrier amplitude and phase amplitude values and the bit
rate is four times the modulation rate.

As we can see from Table 4.1, by increasing the number of different
symbols used in the system the data rate could be increased without a limit if
there were no other limitations than bandwidth. This is not possible in prac-
tice because of the noise. The influence of noise is discussed next.

433 Maximum Capacity of a Transmission Channel

We saw previously that the bandwidth of a channel sets the limirt to the sym-
bol rate in bauds but not to the information data rate. In 1948, Claude Shan-
non published a study of the theoretical maximum dara rate in the case of a
channel subject to random (thermal) noise.

We measure a noise relative to a signal in terms of the S/N. Noise
degrades fidelity in analog communication and produces errors in digital
communication. The S/N is usually expressed in decibels as

SI/N 4, =10log,,(S/N)dB (4.10)

Taking both bandwidth and noise into account, Shannon stated that
the error-free bit rate through any transmission channel cannot exceed the
maximum capacity Cof the channel given by:
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C=Blog,(1+ SIN) (4.11)

where C is the maximum information data rate in bits per second; B, the
bandwidth in hertz; S, the signal power; /N, the noise power, and S/, the
S/N power ratio (absolute power ratio, not in decibels).

Equation (4.11) gives a theoretical limirt for the data rate with an arbi-
trarily low error rate when an arbitrarily long error correction code is used. It
also assumes that the signal has a Gaussian distribution as does the noise,
which is not the case in practice. The influence of bandwidth and noise in
the case of binary and multiple value signaling is summarized in Figure 4.15.

The signal power and, thus, the highest value of the signal are always
restricted to a certain maximum value. Then, the more symbol values we use,
the closer they are to each other, and the lower noise level can cause errors.
Thus, a higher bit rate requires a wider bandwidth thar allows a higher
symbol rate. Alternatively, a better S/N is required to allow for more symbol
values.

The example in Figure 4.15 shows what happens to the distance
between symbol values when the maximum amplitude is 4 and four symbol
values are used instead of binary symbols that have only two values. In our
examples we have used symbols with different amplitudes. This transmission
scheme is called PAM, as discussed earlier. Transmission of this type of
pulses without CW modulation is called baseband transmission.

In radio systems or modems that use CW modulation, different phases
of a carrier wave represent different symbol values. In the Figure 4.8 and 4.9
digital phase modulation methods, BPSK, QPSK, and 8-PSK all require the
same bandwidth if symbol rate is the same, burt the information data rate for
QPSK is double and for 8-PSK triple compared with BPSK. The cost we

inary ! - n Makes bit rate
Bina 4-level a
signarlyr A signal 10 [ A3 double through
01 the same
0 00 bandwidth

Maximum theoretical

f C = Information data rate, bps
channel capacity:

B = Channel bandwidth, Hz
S/N = Signal to noise ratio,
absolute power ratio (notin dB)

C=Blog, (1+ SN)

Figure 4.15 The maximum capacity of a transmission channel.

have to pay is reduced noise tolerance because signals become closer to each
other as more symbol values or different signals are used. It is not usually rea-
sonable to use more than eight phases; instead, we use different amplitudes as
in 16-QAM in Figure 4.9. The 16-QAM rtolerates more noise than 16-PSK
because with the same average signal power distances between signals can be
increased. However, if we would analyze noise tolerance in more derail, we
could form a general rule stating thar the increase in the number of signals in
use reduces noise tolerance. In low-noise channels, such as telephone voice
channels, many different signals can be used burt in high-interference chan-
nels, such as radio channels for cellular systems, binary symbols are often the
best choice.

However, modulation moves the spectrum of the pulse from low fre-
quencies to carrier frequencies, and the bandwidth is typically doubled when
compared with baseband systems as was shown in Figure 4.2. This is why the
symbol rate in radio systems is less than or equal to the transmission band-
width, that is:

r<B, (4.12)

where # is the symbol rate in bauds and B, is the transmission bandwidth in
hertz.

The accurate requirement of bandwidth depends on the modulation
scheme in use, the study of which is beyond the scope of this book.

Example 4.1

Assume that the transmission channel is an ideal lowpass channel with a
bandwidth of 4 kHz. The maximum symbol rate via this channel is » < 2- B
= 8 kbauds; that is, we can transmit up to 8,000 independent signals, sym-
bols, in a second. [To transmit the same symbol rate through a bandpass
channel, we would need a bandwidth of 8 kHz according to (4.12); see also
Figure 4.2.]

Example 4.2

Assume that the S/N of a lowpass channel is 28 dB and its bandwidth is 4
kHz. Then S/N,,= 10 log,, S/N, S/N = 10** = 631. The maximum bit rate
according to (4.11) is C = Blog,(1 + S/N) = 4,000 log,(432) = 4,000 (log,,
632)/log,, 2 = 37.2 Kbps. In Example 4.1 we learned that the maximum
symbol rate is 4 kbauds, which depends only on the bandwidth. To
achieve the maximum birt rate, we transmit 4,000 symbols in a second and
each of them carries 3 bits (with 4 bits, the maximum bit rate would be
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exceeded). The number of different symbols that can be used is 2° = 8 and
this depends only on the S/N maximum, not on bandwidth.

44 Coding

We have described modulation as the processing of a signal for efficient trans-
mission in a different frequency band than where the information originally
exists. Coding is a digital symbol processing operation in which the digirtal
form of the information is changed for improved communication. In general,
coding contains many different processes, such as ciphering, compression,
and error control coding. For ciphering, the transmitter and the receiver may
simply perform an exclusive-or operation with data and a ciphering sequence
known only by the transmitter and receiver. An eavesdropper is not able to
detect information content without knowing the ciphering sequence.

Most modern systems use error control codes for handling of transmis-
sion errors. By appending extra check digits to the transmitted data, we can
detect or even correct errors that occur on the line. Error control coding
increases both the required bandwidth (darta rate increases) and the hardware
and software complexity, but it pays off in terms of nearly error-free digital
communication even when the S/N is low.

Still another purpose for coding is for compressing information. By
using dara compression we can reduce the disk space needed to store data in a
computer. In the same way we can decrease the required data rate on the line
to a small fraction of the original information data rate. We could, for exam-
ple, use very short codes for the most common characters instead of the full
seven-bit ASCII code. Rarely needed characters would use long codes and the
total data rate would be reduced. Some compression schemes for voice and
video information were introduced in Chapter 3. The study of compression
methods is a complex matter and will not be covered in any dertail here.

From now on we concentrate only on line coding, which changes
source symbols into another form for transmission. The operation of line
encoding transforms a digital message into a new sequence of symbols. Decod-
ing is the opposite process that converts the encoded sequence back into the
original message (Figure 4.16).

Consider a compurter terminal with a keypad. Each key represents a dis-
crete digital symbol. Uncoded transmission would require as many different
waveforms as there are keys, one for each key (or more, one for shift, one for
Alt, and one for Alt Gr). Alternatively, each symbol can be an encoder into
a binary code word consisting of a number of binary digits for binary
transmission.

Binary L Binary
message Encoded line signal message
Encoder Decoder
{+ modulator) |[+ demodulator)
Line coding:

Extracts the dc-content from the message;

Adds synchronization information into the line signal;
Increases information data rate through the channel,
Changes the spectral shape of the message so that
it suits the channel better

Figure 4.16 Line coding.

441 Purpose of Line Coding

One purpose of line coding is to make the form of the spectrum of a digital
signal suitable for a certain communication media. The line codes usually
have no dc content (direct current, frequency component at 0 Hz). We want
to get rid of the dc that does not transmit any information but wastes power.

Another reason for line encoding is to help to synchronize the receiver.
In digital transmissions the receiver must be synchronized with the transmit-
ter in order to receive the information when each new symbol arrives. For
this the data should be transmitted in a form that conrtains synchronization
informartion so that there is no need to transmit additional clock or timing
signals.

The systems that use only line coding, but not modulation, are called
baseband transmission systems. The spectrum of the line signal is still in the
frequency range of the original message’s “baseband.” In radio systems both
coding and modulation are used.

Line coding can be used to increase the darta rate as shown in, for exam-
ple, Figure 4.17, where each sequence of 2 dara bits is encoded into four-level
pulses for transmission. At the receiving end decoding is carried out and the
original bits, 2 for each received symbol, are regenerated. Note that the sym-
bol rate on the line is half of the bit rate seen by the data source and the desti-
nation and thus the required bandwidth of the channel is reduced to half
compared to binary transmission. The line code in Figure 4.17 also cancels
dc and similar code is used in ISDN subscriber lines. Note that Gray coding,
in which neighbor symbols differ by only one bit, is used in Figure 4.17. The
symbol in error is typically a neighboring symbol of the transmitted symbol
and with the help of Gray coding only one information darta bit in error is
generated.
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Figure 417 An example of the line coding.

We often combine coding and modulation and instead of four or more
pulse amplitude values we may transmit four symbol values in carrier wave-
forms with, for example, four different phases. This so called QPSK was dis-
cussed in Section 4.2.4 and it can be seen to be a combination of four-level
line coding followed by ordinary phase modulation.

44.2 Spectrum of Common Line Codes

To determine whart kind of impact line encoding has on the spectrum, we
look at the characteristics of some common line codes. Figure 4.18 presents
their power density spectrums showing how the signal power of random data
is distribured over the frequencies.

4.42.1 Nonreturn to Zero (NRZ)

NRZ is the most common form of digital signal used internally in digital sys-
tems. Each symbol has a constant value corresponding to binary symbol val-
ues 1 and 0. The spectrum has a high dc component, and there are no
discrete spectral components at the harmonic frequencies of the dara rate.
The harmonic frequencies are multiples of the data rate. An external clock
signal is always needed for the timing of the receiver.

4422 ReturntoZero (RZ)

RZ each symbol is cut into two parts. The first half of the symbol represents
the binary value and the rest of the symbol is always set to zero. Because
pulses are shorter than in the case of NRZ the spectrum is wider, as we saw in
Figure 4.2, and the spectrum of a random data has strong discrete frequency
components at the harmonic frequencies of the data rate. With the help of

o1 1 0 1 01 Power density spectrum
Unipolar
NRZ-signal T | I |_| I_ f\

— % o ur_ T r
-
Unipolar
e loponon, T e
't 0 uT AT f
F 3
Pseudoternary
signal, |_| I_l
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Manchester code I
1 riri, .
L L) LI Lt 0 1T 2T f
o1 1 0 1 0 1

Figure 4.18 Common line codes and their power spectrums.

these components, timing information can be extracted from the signal spec-
trum and an external clock is not necessarily needed. However, because RZ
code has high low-frequency content and a wide spectrum (see Figure 4.18),
it is never used in long-distance transmission. Another problem is that syn-
chronization is lost if the data content is all zero for a long period of time.

4.4.2.3 Alternate Mark Inversion (AMI)

If every other mark or 1 of the NRZ or RZ symbols is transmitted as an
inverted voltage polarity, an AMI signal is produced. The advantage of this is
that no dc component is present on the transmission line. The dc component
is unwanted because it does not carry any information; it merely wastes
power. With the help of this kind of code we can avoid the problem caused
by transtormers on the line. Transformers are needed on copper cable lines
for matching impedance, for overvoltage or surge protection, and for other
purposes. Direct current does not propagate through transformers.

AMI code is used in American telecommunications network in primary
rate 1.5-Mbps transmission systems. We may extract the timing information
by rectifying the AMI signal into an RZ signal in the receiver and then
the discrete spectral components appear as in the spectrum of RZ code in
Figure 4.18.
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4424 High-Density Bipolar 3

HDB-3 was developed from AMI and standardized for European primary
rate 2-Mbps systems. HDB-3 overcomes the problem of the original AMI
code that occurs in the timing when a data message contains long periods of
subsequent zeroes. In this coding scheme, a pulse with the same polarity as
the previous one is added in such a way that no more than three sequential
zeroes are allowed. In the decoder these pulses are taken away according to
the AMI coding rule that they violate.

4425 Manchester Coding

Manchester coding is used in LANs. Binary digit 1 is coded as a “+ to -7
transition and binary 0 as a “— to +” transition. The most important advan-
tage of the Manchester code is that each symbol conrtains the timing informa-
tion and the receiver needs only to detect the transition in the middle of each
received symbol to extract the clock signal. Its main disadvantage is a wide
spectrum because of short pulses and this is why it is suitable for LANs but
not for long-distance transmission.

45 Regeneration

In long-haul transmissions the transmitted signal is attenuated and amplifiers
or repeaters are needed. Analog amplifiers amplify the signal at the input, and
the signal contains both the desired message and channel noise. In every
amplifier and cable section some noise is added and the S/N decreases with
distance.

Unlike analog amplifiers, digital repeaters are regenerative. A regenera-
tive repeater station consists of an equalizing amplifier that compensates the
distortion and filters out the out-of-band noise and a comparator as shown in
Figure 4.19. Output of the comparator is high if the inpur signal is above the
threshold voltage V, and low if the input is below the threshold value.
The regenerartor also contains timing circuitry, which extracts the clock sig-
nal from the received data, and a D-type flip-flop which decides if a digit is
high (1) or low (0) at the instant of the rising edge of the clock signal (see
Figure 4.19). At the rising edge of the clock signal the input value is read into
the output by the D-type flip-flop. The output value remains the same until
the next rising edge of the clock signal. The operating principle of a binary
regenerative repeater is presented in Figure 4.19. The regenerated digits that
contain no noise are delivered to the destination or via a cable to the next
repeater station (in the case of an intermediate repeater).

Regenerated data

Original Amplified and equalized ~ Distorted and without noise

transmitted  data with noise attenuated line signal
data / ﬂ
10

| D-type flip-flop

Regenerator

1T 1 0

Clk o
‘ ﬂ ,rﬂ ﬂ ﬂ ﬂ > Errorrate 10
[ / Time versus S/N -7

Rising edges of in each
the clock signal repeater 10°
IU—H

1012 14 16 18 20 S/NdB

Figure 4.19 Operating principle of a regenerative repeater.

If the equalized signal is below threshold V_;at the input of the com-
parator, the output is low and a zero is regenerated art the rising edge of the
clock signal. If noise is too high, the inpurt of the comparator may be above
threshold even though a zero is transmitted. If this occurs at the rising edge
of the clock signal, the value 1 is regenerated and an error has occurred. In
the same way, high values may be in error if noise reduces the high-
amplitude value below the threshold level at an instant of the rising edge of
the clock signal. Then 0 is regenerated and an error has occurred.

How frequently errors occur depends on the noise level or S/N. If noise
is assumed to have a Gaussian amplitude distribution (as thermal noise does),
the error rate (bit error probability) follows the shape of the curve, error rate
versus S/N, in Figure 4.19.

As an example let us assume that we have a channel, for instance a
cable, that attenuates a signal so much thar the resulting S/N in the repeater
is 15 dB. The error rate would then be around 1 X 107 according to the
curve in Figure 4.19. If we place a new repeater in the middle of the repeater
section (in the middle of the cable), attenuation of the signal is 3 dB less, giv-
ing an S/N value of 18 dB in both repeaters and the error rate at both repeat-
ers would be 1 X 17%. This means that one error occurs on average after
100,000,000 correct bits. Now we have two repeaters and we have an overall
error rate of 2 X 10~* because each of them creates on average one error in
each sequence of 1 X 10° bits. We can see that the improvement of 3 dB in
the S/N that we achieved with the help of the new repeater reduces the
number of errors by a factor of 0.001.

Mr. ]. Johnson, KIOT, Wollo University

Page 57



Transmission

In practice, the error rate of an operational transmission system is often
much better and we have close to error-free transmission and the exact
equivalent of the original signal is received in the end regardless of the dis-
tance (the number of repeaters).

The error rate decreases rapidly with noise as shown in Figure 4.19
because of the Gaussian nature of thermal noise. Not only thermal, but many
other types of noise in real-life systems are assumed to follow a Gaussian dis-
tribution. With this model the reduction of noise by 1 dB improves the error
rate by factor of 10 or more, as seen in Figure 4.19. The digital transmission
systems installed in telecommunications networks are designed in such a way
that noise is low enough in all regenerators and the error rate is extremely
low. For example, optical line systems usually have a design practice of
worst-case lifetime error rate of 1 X 107'°. In normal operational conditions
the error rate is several orders of magnirude better and they operate nearly
error free.

From the error rate curve in Figure 4.19 we see how the error rate
depends on the S/N. From the error rate we can easily calculate the mean
time between errors when the data rate is known. Table 4.2 gives examples of
error rates and mean times between errors for a 64-Kbps (ISDN B-channel)
data channel.

Digital systems have a certain threshold value for the S/N. From
the curve in Figure 4.19 and Table 4.2, 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. The S/N values in the

Table 4.2
Examples of Error Rates and Mean Times Between Errors for a 64-Kbps Channel
Mean Time
S/N (dB) Error Rate Between Errors
103 107 1.5ms
14.4 10" 150 ms
16.6 10° 15 seconds
18 10* 26 minutes
13 10" 2 days
20 107" & months
21 o™ 50 years

Figure 4.19 curve and Table 4.2 are examples and are based on certain
assumptions. The actual S/N value in decibels at a certain error rate of a
specific system depends on the system characteristics and how the S/N is
defined and measured. However, the shape of the error curve is the same as
in Figure 4.19 and the threshold value is usually between 8 and 20 dB.

When the S/N of a digital system decreases, errors occur more and
more frequently and when the error rate becomes too high, informarion is
lost. An error rate of 1 X 107 is standardized to be the worst allowed com-
munication quality for PCM speech in the telecommunications network. If
the error rate becomes worse, ongoing calls are cut off. Darta are transmitted
in large packets and if a packet conrains one or more errors it needs to be
retransmitted. As a rule of thumb, we can say that data transmission requires
an error rate of 1 X 107 or better, otherwise retransmissions slow down the
end-to-end transmission data rate.

46 Multiplexing

Multiplexing is a process that combines several signals for simultaneous
transmission on one transmission channel. Most of the transmission systems
in the telecommunications network contain more capacity than is required
by a single user. It is economically feasible to utilize the available bandwidth
of optical fiber or coaxial cable or a radio system in a single high-capacity sys-
tem shared by multiple users. The main principles of multiplexing are
described in the following sections.

4,6.1 Frequency-Division Multiplexing (FDM) and TDM

FDM modulates each message to a different carrier frequency. The modu-
lated messages are transmitted through the same channel and a bank of filters
separates the messages at the destination (Figure 4.20). The frequency band
of the system is divided into several narrowband channels, one for each user.
Each narrowband channel is reserved for one user all the time. FDM has
been used in analog carrier systems in the telephone network. The same prin-
ciple is also used in analog cellular systems in which each user occupies one
FDM channel for the duration of the call. In such a case, we call the process
[frequency-division multiple access (FDMA) because the frequency-division
method is now used to allow multiple users to access the network at the same
time.

A more modern method of multiplexing is TDM, which puts different
messages, for example, PCM words from different users, in nonoverlapping
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Figure 4.20 Multiplexing methods FOM and TDM.

time slots. Each user channel uses a wider frequency band burt only a small
fraction of time, one time slot in each frame as shown Figure 4.20. In addi-
tion to the user channels, framing information is needed for the switching
circuit at the receiver that separates the user channels (time slots) in the
demultiplexer. When the demultiplexer detects the frame synchronization
word, it knows thart this is the start of a new frame and the next time slot con-
tains the information of user channel 1.

This method of TDM is used in high-capacity transmission systems
such as oprtical line systems burt also in digital cellular networks where we call
it time-division muleiple access (TDMA). One user occupies one time slot of a
frame, and the time-division principle allows multiple users to access the net-
work at the same time using the same carrier frequency.

46.2 PCM Frame Structure

We introduced the principle of TDM in the previous section. As an example
of TDM and to get a clear view of TDM, we now look at the most common
frame structure in telecommunications networks, namely, 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 net-
work and it is called E-1. The corresponding North American primary rate is
1.544 Mbps, which carries 24 speech channels and it is known as DS1 or TT1.
It is also introduced in this section.

In the European scheme, the 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.

46.21 The 2-Mbps Frame Structure

PCM-coded speech is transmitted as 8-bit samples 8,000 times a second,
which makes up a 64-Kbps darta rate. These eight-bit words from different
users are interleaved into a frame at a higher data rarte.

The 2,048-Kbps frame in Figure 4.21 is used in the countries imple-
menting European standards for telecommunications. It conrtains 32 time
slots, and 30 of them are used for speech or 64-Kbps data. The frame is
repeated 8,000 times a second, which is the same as the PCM sampling rate.
Each time slot contains an eight-bit sample value and the data rate of
each channel is 64 Kbps. These voice channels or data channels are synchro-
nously multiplexed into a 2-Mbps data stream, which is often called E1
(first level in European hierarchy). 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 multi-
plexer is allowed to vary by 50 parss per million (ppm), and as a conse-
quence each user of the network has to take timing from the multiplexer in
the nerwork and generate data exactly at the data rate of the multiplexer
divided by 32.

Each time slot (TS) of a frame contains 8 bits.

Frame, 125 microseconds, 256 bits

-
-+

Ch.1 Ch.2 Ch. 16 Ch. 30

1S31 [1so0 [ Ts1 [Ts2 [1s3| [Tsw6[1s17]  [Ts3i]Tso
|I T I| Tt T
|

Frame/ |_|_|_|_|_|_|_|_| 8 bit sample |'I

alignment > > | - =
(frame Speech channels Signaling Speech channels
synchronization) 11015 time slot 16 to 30

Frame is repeated 8,000 times in a second which is the same as PCM sampling rate.
Each frame contains one sample of 30 different speech signals.

One time slot (TS0) is used for frame synchronization and one (TS 16) for signaling.
Data rate: 8,000 1/s * 8 bits * 32 = 2,048 Kbps

Figure 4.21 The 2,048-Kbps frame structure from Recommendation G.704.

Mr. ]. Johnson, KIOT, Wollo University

Page 59



Transmission

Frame Synchronization Time Slot

The frame alignment word is needed to inform the demultiplexer where the
words of the channels are located in the received 2-Mbps darta stream. The
frame synchronization time slot (TS0) includes frame alignment information
and it has two different contents that are alternated in subsequent frames
(Figure 4.22). The demultiplexer 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 peri-
ods, 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 demultiplexer might
lock to this user time slot instead of TS0. This is why there is one alternating
bit (D2) in time slot 0 (see Figure 4.22) and due to this the demultiplexer is
able to detect the situation 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 thar 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 align-
ment word is simulated by one user that alters bit two.

‘A frame, 125 microseconlis
TS31 TS0 TS1 TS2-30 TS31 TS0 TSi TS31 TS0 TS1 TS31 TS0 TSI

______ ZEXL NS U N I O LU I O My I I
\ Frame alignment word —
Bit number 1123 |4|5|6]7)|8

FAW Clojoj1rj1Jo0f1]1

TS0 in every other frame that does not contain FAW.
Bit number 112 (34|56 |7]|8

TS0 word C|1|A|D4|D5|D6|D7|D8

A =Far end alarm, alarm condition "1".
D = Spare bits that can be used for specific point-to-point low data rate applications

(for example, network management information).

Bit 2 alternates from frame to frame to prevent accidental simulations of the frame alignment signal.
C = CRC-4 procedure for protection against simulation of frame alignment and enhanced

error monitoring. If notin use, C-bit is setto ™1".

Figure 4.22 The 2,048-Kbps frame alignment word in TS0.

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 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 TS0 although many errors may have occurred in other time slots
of the frame. The C-bit in Figure 4.22 is set to 1 if CRC is not used [5].

The TSO in every other frame also contains a far-end alarm informa-
tion bit A as shown in Figure 4.22. This is used (set to 1) to tell the transmit-
ting multiplexer that there is a severe problem in the transmission connection
and reception is not successful at the other end of the system. This can be
caused by, for example, 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-bits can be used for transmission of nerwork management informa-
tion. At international borders they are usually set to 1.

Multiframe 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. A frame structure is
needed to allocate the bits of this time slot to each of the 30 speech channels.
The information abour the location of the signaling dara of each speech chan-
nel is given to the signaling demultiplexer with the help of the multiframe
structure containing a multiframe alignment word for multiframe synchroni-
zation. The data rate available for each speech channel is 2 Kbps. Because the
CAS signaling systems are or will in the near future be replaced by common
channel signaling we do not cover multiframe structures in detail here.

For CSS, multiframe is not needed and the signaling information of all
users is carried in dara 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 mes-
sage service of GSM, also carry user dara.

46.22 The 1.544-Mbps Frame Structure

The primary data rate in the United States and Japan is 1.544 Mbps instead
of the 2.048 Mbps used in areas that go by European standards. Both
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European PCM frame and the 1.544-Mbps frame are repeated at PCM sam-
pling rate thart is 8,000 times in a second. The frame structure shown in
Figure 4.23 is used in North America and known as T1 or DS1 frame [5].

The North American PCM system accomplishes frame alignment dif-
ferently than does the European 2-Mbps system. Like its European counter-
part, it uses eight-bit time slots, but each frame contains 24 channels. To
each frame, one-bit frame, a frame alignment, or synchronization bit (S-birt)
is added, and we geta 1.544-Mbps data rate as shown in Figure 4.23. A mul-
tiframe is constructed from 12 subsequent frames and their 12 S-bits make
up the 6-bit frame and 6-bit multiframe synchronization words [5].

In T1 there is no reserved time slot for CAS information as we have in
the 2-Mbps frame structure. Instead of that, 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.

For frame synchronization and for demultiplexing of signaling infor-
mation, frames make up a multiframe structure with two alternative lengths,
a superframe containing 12 frames or an extended superframe (ESF) contain-
ing 24 frames. The framing bits of ESF, one in each frame, carry frame syn-
chronization informartion including CRC code and data channel for network
management messages. The derailed structure of the multiframe is explained,
for example, in [5].

Each time slot (TS) of a frame contains 8 bits.
125 microseconds, 196 bits

Channel numbe "
1213 1 17 56 21 9 15 3 19 7 23 11 14 2 18 6 22 10 16 4 20 &8 24

] 1]2[3]a]s[6][7]8]a]w]n]|12[13][1a]15]16]17[18]19]20]21|22]23]24]|
8
| | | | bits Framing bit

Frame is repeated 8,000 times in a second which is the same as PCM sampling rate.
Each frame contains one sample of 24 different speech signals.

To each frame 1 bit, called a framing bit, is added.

(24 time slots * 8 bits + 1 bit) *8,000 = 1,544 Kbps.

Time slot number

One bitin each slot in every sixth frame is replaced by signaling information.
As a consequence, only 7 out of 8 bits can be used transparently
through the network. Therefore, a basic channel capacity is 56 Kbps.

Figure 4.23 The 1.544-Mbps PCM frame.

In transatlantic connections, E1 frames are adapted to the T1 frame
structure and transcoding between p-law and A-law PCM is carried ourt.
Each time slot in E1 is transmitted further in one time slot of T1.

4.6.3 Plesiochronous Transmission Hierarchy

A primary rate of 1.5 or 2 Mbps is usually too slow for transmission in trunk
or even in local networks. This was noticed in the early 1970s and the
ITU-T, at that time CCITT, standardized the higher data rate systems for
transmission in the latter half of the 1970s. The digital systems of those days
carried primarily analog information and end-to-end synchronization was
rarely required. The first standardized digital higher-order transmission hier-
archy is known as plesiochronous digital hierarchy (PDH). We review first the
European hierarchy of higher-order multiplexing.

4.6.3.1 European PDH for Higher-Order Multiplexing

The higher-order multiplexers of PDH are allowed to operate according to
their own independent clock frequencies. These standards are based on ple-
siochronous operation (“almost the same dara rate”), which allows a small
frequency difference between triburtary signals that are multiplexed into a
higher aggregate rate. For example, at 2,048 Kbps the frequency tolerance
was standardized at 50 ppm, and at 8,448 Kbps the allowed tolerance is 20
ppm. This means that, for example, the data rate of a 2,048-Kbps system
may deviate by 100 bps.

The basic principle of the European standard for higher-order multi-
plexers is that each multiplexer stage takes four signals of a lower data rate
and packs them together into a signal at a dara rate that is a little bit over four
times as high, as shown in Figure 4.24. In addition to triburtaries, aggregate
frames contain frame alignment information and justification information.

The triburary frequencies may differ slightly and their frequencies must
be justified to the higher-order frame. This process, called justification or
stuffing, adds a number of justification bits to each tributary in order to make
the average tributary data rates exactly the same. In the demultiplexer these
justification bits are extracted and the original data rate for each tributary is
generated.

At each hierarchy level the tributary signals are bir interleaved to the
aggregarte dara stream, which means thart the aggregate dara stream conrains
one bit from tributary 1, one bit from tributaries 2, 3, and 4, and then again
from triburtary 1, and so on. Additional bits are needed in the frame for frame
synchronization (frame alignment) and justification, and therefore the next
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optical or microwave radio transmission.

Above 2 Mbps, justification (stuffing) is done

at each stage because tributary rates are allowed to be
plesiochronous. Demultiplexing has to be done step by step
because justification bits must be stripped off in order to locate the information content.

1,920 channels 7,680 channels
(not standardized)

Figure 4.24 The PDH (European standard).

level has a slightly higher rate than four times the nominal tributary rate. Jus-
tification bits are added to tributaries so make their data rates equal for fram-
ing. The frame also contains some spare bits that can be used, for example,
for management data transmission for a network management system. Bits
for far-end alarms are included in the frames just as in the 2,048-Kbps frame
discussed previously.

The standards for PDH ensure compatibility in multiplexing berween
systems from different manufacturers. The management functions are not
standardized and they differ from manufacturer to manufacturer.

Only the local interfaces and the multiplexing scheme are standardized
in PDH. The multiplexers are connected for transmission via standard inter-
faces at 2, 8, 34, or 140 Mbps to separate line terminal equipment or to a
higher-order multiplexer as shown in Figure 4.24. The line interfaces of the
line terminals for copper cable, optical fiber, and radio transmission are
manufacturer specific so the vendor has to be the same at both ends.

4.6.3.2 North American PDH for Higher-Order Multiplexing

The North American PDH is shown in Figure 4.25. Higher-order rates are
DS1C (3.152 Mbps), DS2 (6.132 Mbps), DS3 (44.736 Mbps), and DS4
(274.176 Mbps) [5]. The higher-level multiplexers are named in such a way
that we know the DS levels, which are being combined. For example, M13
in Figure 4.25 has inputs from level DS1 and outputs at level DS3.

Ds1c
3,152 Kbps Higher-order multiplexers build
> 1 Mic—> up higher data rates for optical
>2 or microwave radio transmission
Ds2 :
—-"; 6,132 Kbps
DS —>3 M1z >
1,544 Kbps ¢ :[1]48 335 Kbps
_’; " p DS4
B — e
______ w3 M13 o1 274.176 Mbps
R
»28 —» M34
—»6

Above 1.5 Mbps, justification (stuffing) is done
at each stage because tributary rates are allowed to be

plesiochronous. Demultiplexing has to be done step by step

because justification bits must be stripped off in order to locate the information content.

Figure 4.25 North American PDH.

As we can see in Figure 4.25 the higher-order birt rate for each multi-
plexer is a little bit higher than the sum of the tributary data rates. The aggre-
gate data stream at each level contains, in addition to tributary signals,
framing information and the stuffing bits that are used to justify tributary
data rates, which may have slightly different darta rates, into the higher-order
frame. In the demultiplexer these stuffing bits are stripped off and the origi-
nal tributary rate is produced.

4.6.4 SDH and SONET

The PDH higher-order systems were standardized more than 20 years ago.
By the end of the 1980s, a lot of oprtical fiber cable had been installed and
analog networks upgraded into digital networks. Then researchers realized
that new standards were required to meet future requirements.

Problems with the PDH standards include the following:

e Access to a tributary rate requires step-by-step demultiplexing because
of stuffing (justification).
¢ Oprtical interfaces are not standardized burt vendor specific.

e T'o use oprtical cables, a separate multiplexer for each level (e.g., mul-
tiplexing from 2 to 140 Mbps in European PDH requires 21 pieces
of multiplexing equipment) and separate line terminals are needed.
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e American and European standards are not compatible.

o Network management features and interfaces are vendor dependent.
» High darta rates (above 140 or 274 Mbps) are not standardized.

ANSI started to study a new transmission method in the middle of the
1970s to utilize oprical networks and modern digital technology more effi-
ciently. This system is called the synchronous optical nerwork (SONET) and it
is used in the United States.

ITU-T made its own worldwide standard, called SDH, by the end of
the 1980s. SDH is actually an international extension of SONET and it was
based on SONET but adapted to European networks. A subset of SDH rec-
ommendations from the ITU-T was selected as a standard for the European
SDH by ETSI. You might say that there are two different synchronous opti-
cal systems: SONET in the United Srates and SDH in areas of Europe where
European standards have been adapted. The operating principles of SONET
and European SDH are quite similar and they use the same data rate at some
levels, as shown in Table 4.3.

Figure 4.26 shows data rates for European SDH as well as an example
of SDH equipment. SDH is a standardized multiplexing system for both ple-
siochronous tributaries, for example, 1.5, 2, or 34 Mbps, and synchronous
tributaries.

The main advantages of SDH over PDH standards are as follows:

o The data rates for optical transmission are standardized (i.e., vendor
independent).

Table 4.3
Data Rates of SONET (United States) and Corresponding SDH Data Streams (Europe)
STS-N
0C-N Optical Electrical DataRate SDH
Carrier Level Level (Mbps) STM-N
0C-1 STS1 51.684
0C-3 STS-3 155.52 STMA
0C-12 STS-12 622.08 STM-4
0C-24 STS-24 1244.16
0C-48 STS-48 2488.32 STM-16
0C-192 STS-192 9953.28 STM-64

To network management
computer

An example of SDH equipment

Optical interface: Optical interface:

STM-1 155.52 Mbps Synchronous STM-1 15552 Mbps
STM-4 622.08 Mbps add/drop STM-4 622.08 Mbps
STM-16 2.488 Gbps —————  muyitiplexer STM-16 2.488 Ghps

STM-64 9.953 Gbps

STM-64 9.953 Gbps

155.52 Mbps electrical
140 Mbps

ATM interface cards of work 34 Mbps

stations usually use the STM-1 1.5 Mbps, 2 Mbps, and/or
electrical interface standard. 64 Kbps interfaces

SDH is used as a tranmission
layer in ATM networks

Figure 426 The synchronous digital hierarchy of ETSL

¢ Different systems are included in standards, for example, terminal,
add/drop, and cross-connection systems. These systems are dis-
cussed in Section 4.7 and they make SDH networks more flexible
than PDH systems, which include only terminal multiplexer
funcrionality.

* Access to the tributary dara rates is efficient (no step-by-step multi-
plexing is required).

e The system is tolerant against synchronization and other system
faults. Standardized redundancy functions allow operators to switch
from a faulty line to an operational line.

¢ In the future, network management is slated to become vendor inde-
pendent, with sophisticated management funcrions.

SDH is replacing PDH systems in the transport network. By zansporr
network we mean the flexible high-capacity transmission network that is used
to carry all types of information. By flexible we mean that telecommunica-
tions operators are able to easily modify the structure of the transport net-
work from the centralized management system. This makes the delivery
times for leased lines shorter. Leased lines are needed, for example, for LAN
interconnections between the offices of a corporation.
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46.4.1 Multiplexing Scheme in SDH

The transmission data streams of SDH are called synchronous wransport mod-
ules (STMs) and they are exact multiples of STM-1 at the 155.52-Mbps data
rate, as we can see in Table 4.3. STM-1 data are simply byte interleaved with
other STM-1 data streams to make up a higher transmission data rate; no
additional framing information is added. Byte interleaving means thar, for
example, an STM-4 signal contains a byte (8 bits) from the first STM-1 tribu-
tary, then from the second, third, and fourth triburaries, and then again from
the first one. The demultiplexer receives all STM-1 frames independently.

The STM-1 frame is repeated 8,000 times a second, a rate equal to
the PCM sampling rate. This makes each 8-bit speech sample visible in a
155.52-Mbps data stream. When PCM coding is synchronized to the same
source as SDH systems, we can demultiplex one speech channel just by pick-
ing up 1 byte from each STM-1 frame. The frame contains frame alignment
information and other information such as management data channels and
pointers that tell the location of triburtaries in the frame.

If tributaries are not synchronous with the STM-1 frame, a pointer (a
binary number) in a fixed location in the STM-1 frame tells the location of
each tributary. By looking at the value of this pointer, we can easily find the
desired tributary signal. This is a great advantage over PDH systems, which
require step-by-step demultiplexing (to separate information and stuffing
bits) to the level of the tributary that we want to take out from the high-
data-rate stream.

Multiplexing in SDH is quite a complicated marter because the multi-
plexing supports many different PDH and SDH streams to be multiplexed
into an STM-1 stream. For example, a single STM-1 may carry 63 E-1 sig-
nals or alternatively one E-4 signal. The STM-1 frame structure and how
ATM cells are inserted in it are demonstrated in Chapter 6 as an example of
SDH framing. A more detailed treatment of the framing subject is not
included here.

4.6.4.2 Data Rates of North American SONET

The synchronous transport signal level I (STS-1) is the basic SONET module
that corresponds to STM-1 of SDH. These modules have a bit rate of 51.840
Mbps and they are multiplexed synchronously into higher-order signals
STS-N. Each STS-N signal has a corresponding optical signal called an apzi-
cal carrier (OC-N) for oprical transmission. Table 4.3 presents dara rates for
SONET and corresponding signal levels for European SDH.

An STS-1 signal consists of frames and the frame duration is 125 ps
(8,000 times a second, that is, equal to the PCM sampling rate) just as in

SDH. Each frame conrtains 810 bytes that makes up a bit rate of 51.840
Mbps. Transport overhead information such as frame synchronization and
pointers uses 27 bytes in each frame and the rest of it is used for payload; for
example, for 1.544-Mbps signals that contain PCM speech channels. The
detailed multiplexing scheme of either SONET or SDH is not presented
here; for more detailed information the reader may refer to, for example, [5].

SONET and SDH were originally designed for transmission of 64-
Kbps PCM channels. In Chaprer 6 we will see how they are used when data
consist of IP packets or ATM cells.

4.9 Problems and Review Questions

Problem 4.1

How wide a bandwidth does a pulse with duration of (a) 1 ms and (b) 1 us
require if only the strongest part of the spectrum needs to be transmitted?
Whart is the bandwidth of a carrier wave with a duration of (a) 1 ms and (b)
1 us?

Problem 4.2

What is continuous wave modulation and why is it often used in transmis-
sion systems?

Problem 4.3

(a) Draw the spectrum of a cosine wave at a frequency of 1 kHz. (b) Draw
the spectrum of an AM signal when the carrier frequency is 100 kHz and the
modulating message is a cosine wave at 1 kHz. (c¢) Draw the spectrum when
the modulation method is SCDSB. (d) Draw the corresponding spectrum of
SSB modulation.

Problem 4.4

(a) Draw the constellation diagram (or signal space diagram) for an 8-PSK
signal so thart the in-phase carrier waveform represents bit combination 000.
Write in the diagram which bit combination each signal could represent.
Take care that you minimize the bit error rate. (b) Draw the constellation
diagram of a 16-QAM signal where a carrier with a 45° phase shift and a high
amplitude corresponds to a bit combination of 1100. Write bit combina-
tions for each signal so thart the bit error rate is minimized. [Hine: Use Gray
code for two bits for columns (I componenrt) and two bits for rows (Q com-
ponent) and combine them for each signal in the constellarion.]

Problem 4.5

Explain how the radio wave propagation modes differ at (a) low-frequency,
(b) medium frequency, and (c) and ultra high frequency bands.
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Problem 4.6

Estimate the transmission capacity of an optical fiber that operates over the
0.9- to 1.6-m wavelength range if coherent optical transmission is used.
Assume that the speed of light is the same as in space (300,000 km/sec) and
the following modulation methods are in use: (a) Voice signal bandwidth is 4
kHz and it is SSB modulated into the fiber. (b) Voice signal is PCM coded
and transmirtted in a binary form through the cable. Assume that the modu-
lation scheme in use is capable of transmitting 1 bps/Hz.

Problem 4.7

Derive on your own the formula, L =[45f//c]*, step by step for the free-space
loss (see Section 4.2.6). Use the formula for the effective aperture area of iso-

tropic antenna, A, =A*/(4m), and a spherical surface area A = 4/* over which

el

transmitted power is distributed.

Problem 4.8

Show that the equation for radio wave attenuation in decibels, 7, = 92.4 +
20 log,, f/GHz +20 log,,/ /km dB, follows from the equation of attenuation
L =[4fml/c]’. Note that, for example, f= f/GHz x 10°.

Problem 4.9

The approximare distance between an Earth station and a geostationary satel-
lite is 40,000 km. (a) Whar is the attenuation of the uplink radio section at
the 6-GHz frequency? (b) What is the attenuarion in the downlink direction
at 4 GHz?

Problem 4.10

Consider a cell in a GSM cellular network operating at 900 MHz and a cell
in a DCS-1800 nerwork operating at 1.8 GHz. The DCS-1800 base station
is installed in the same site as the GSM base station. Assume that all system
parameters except frequency are equal and use the free-space loss formula.

What would be the radius of the DCS-1800 cell if the radius of the GSM cell
is 1 km?

Problem 4.11

How much higher transmission power is needed, according to the free-space
loss formula, if the radio transmission distance is doubled (for the same
performance)?

Problem 4.12

A telecommunications network operator is aiming to update a GSM network
with DCS-1800 base stations. The cells of GSM (900 MHz) are designed for
a maximum transmission power of 1W. Whart should be the maximum
transmission power of DCS-1800 (1.8-GHz) base stations with the same cell
structure? Assume here a free-space environment and that the only difference
between systems is the frequency.

Problem 4.13

What is the approximate gain of the satellite TV antenna when the diameter
of the dish is 0.6m and the frequency is 10 GHz? How much better is the
S/N ratio if the antenna is changed to a larger one with diameter of 1m?

Problem 4.14

What is the received power level (dBm) and power (W) when transmitted
power is 1'W, frequency 1 GHz, distance 1 km, and transmitter and receiver
antenna gains are 14 and 2 dB, respectively? Assume a free-space loss
approximation for link loss.

Problem 4.15

What are the theoretical maximum symbol rate r and the maximum binary
bit rate C through the following baseband channels: (a) bandwidth B = 3
kHz and S/N = 20 dB (degraded speech channel); and (b) bandwidth B =5
MHz and S/N = 48 dB (typical video channel)?

Problem 4.16

How many bits can be encoded into each symbol in the case of baseband sys-
tems (a) and (b) in Problem 4.15? How much higher is the darta rate in case
(b) in Problem 4.15 because of the wider bandwidth and how much higher is
the bir rate because of the improved S/N compared with the channel in case

(a) of Problem 4.15?

Problem 4.17

Estimate how many symbol values (signals in the constellation diagram)
there should be in the case of a 28.8-Kbps modem using QAM if the symbol
rate is 3,200 bauds.

Problem 4.18

Why do we perform line encoding before data are transmitted to the trans-
mission channel?
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Problem 4.19

Explain how binary values 1 and 0 are represented in the following codes: (a)

NRZ, (b) RZ, (c) AMI, and (d) Manchester.

Problem 4.20

Explain the operating principle of a regenerator (regenerative repeater).

Problem 4.21

What are the main two multiplexing methods and how do they operate?

Problem 4.22
Explain the structure of a 2-Mbps PCM frame.

Problem 4.23
Explain the structure of a 1.5-Mbps PCM frame.

Problem 4.24
Explain what is PDH?

Problem 4.25
What is SDH and whar advanrages does it provide over PDH?

Problem 4.26

The measured attenuation at 1 MHz of a 1-km copper cable pair is 18 dB.
What is the approximate attenuation at (a) 250 kHz, (b) 500 kHz, (¢) 2
MHz, and (d) 4 MHz?

Problem 4.27

What are the advantages of (a) oprical transmission, (b) microwave radio
transmission, and (c) satellite transmission? Compare their characteristics.

Problem 4.28
What do we mean by dispersion in optical fibers?

Problem 4.29
What do we mean by dense wavelength-division multiplexing’
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