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Problems

The essential feature of communication, control, computation, and instrumentation systems is
the processing of information. Because of the relative ease and flexibility of processing and
transmitting electrical quantities, usually the information obtained from a nonelectrical source is
converted into electrical form. An electric signal is a voltage or current waveform whose time or
frequency variations correspond to the desired information. The information-bearing signals are
processed either for purposes of measurement in an instrumentation system, or for transmitting
over long distance in a communication system. All such systems, regardless of their particular
details, share certain basic concepts and common problems.

Continuous signals (shown in Figure 6.0.1) are described by time functions which are defined
for all values of t (a continuous variable). Commercial broadcast systems, analog computers,
and various control and instrumentation systems process continuous signals. The information
processed in analog systems is contained in the time function which defines the signal. Analog
systems are often thought of as performing signal processing in the frequency domain.

Discrete signals (shown in Figure 6.0.2), on the other hand, exist only at specific instances
of time, and as such, their functional description is valid only for discrete-time intervals. Dis-
crete signals are invariably a sequence of pulses in which the information is contained in the
pulse characteristics and the relation amidst the pulses in the sequence during a specified time
interval. Digital computers, pulsed-communication systems (modern telephone and radar), and
microprocessor-based control systems utilize discrete signals. Digital systems process digits, i.e.,
pulse trains, in which the information is carried in the pulse sequence rather than the amplitude–
time characterization of the pulses. Digital systems are often thought of as performing signal
processing in the time domain. Because of the advantages of economy in time, low power
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626 SIGNAL PROCESSING

consumption, accuracy, and reliability, digital communication systems are increasingly used for
transmitting information.

Foremost among signal concepts is spectral analysis (representation of signals in terms of
their frequency components), a concept that serves as a unifying thread in signal processing and
communication systems. Signals and spectral analysis are considered first in Section 14.1. Then
in Section 14.2, processing techniques such as equalization, filtering, sampling, modulation, and
multiplexing are presented, while topics on interference and noise are exposed in Section 14.3. The
circuit functions required for time-domain processing parallel those needed for frequency-domain
processing.

14.1 SIGNALS AND SPECTRAL ANALYSIS

Figure 14.1.1 shows the functional block diagram of a signal-processing system. The information
source may be a speech (voice), an image (picture), or plain text in some language. The output
of a source that generates information may be described in probabilistic terms by a random
variable, when the random or stochastic signal is defined by a probability density function. The
output of a source may not be deterministic, given by a real or complex number at any instant of
time. However, in view of the scope of this text, random signals and random processes are not
discussed here.

A transducer is usually required to convert the output of a source into an electrical signal
that is suitable for transmission. Typical examples include a microphone converting an acoustic
speech or a video camera converting an image into electric signals. A similar transducer is needed
at the destination to convert the received electric signals into a form (such as voice, image, etc.)
that is suitable for the user.

The heart of any communication system consists of three basic elements: transmitter, trans-
mission medium or channel, and receiver. The transmitter (input processor) converts the electric
signal into a form that is suitable for transmission through the physical channel or transmis-
sion medium. For example, in radio and TV broadcasts, since the FCC (Federal Communi-
cations Commission) specifies the frequency range for each transmitting station, the trans-
mitter must translate the information signal to be transmitted into the appropriate frequency
range that matches the frequency allocation assigned to the transmitter. This process is called
modulation, which usually involves the use of the information signal to vary systematically
the amplitude, frequency, or phase of a sinusoidal carrier. Thus, in general, carrier modula-
tion such as amplitude modulation (AM), frequency modulation (FM), or phase modulation
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Figure 14.1.1 Functional block diagram of a signal-processing system.
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(PM) is performed primarily at the transmitter. For example, for a radio station found at a
setting of AM820, the carrier wave transmitted by the radio station is at the frequency of
820 kHz.

The function of the receiver is to recover the message signal contained in the received
signal. If the message signal is transmitted by carrier modulation, the receiver performs carrier
demodulation to extract the message from the sinusoidal carrier.

The communication channel (transmission medium) is the physical medium that is utilized to
send the signal from the transmitter to the receiver. In wireless transmission, such as microwave
radio, the transmission medium is usually the atmosphere or free space. Telephone channels, on
the other hand, employ a variety of physical media such as wire lines and optical fiber cables.
Irrespective of the type of physical medium for signal transmission, the essential feature is that
the transmitted signal is corrupted in a random manner by a variety of possible mechanisms. For
simplicity, the effects of these phenomena (attenuation, distortion, interference, noise, etc.) are
shown at the center of Figure 14.1.1, since the transmission medium is often the most vulnerable
part of a communication system, particularly over long distances.

Attenuation, caused by losses within the system, reduces the size or strength of the signal,
whereas distortion is any alteration of the waveshape itself due to energy storage and/or non-
linearities. Contamination by extraneous signals causes interference, whereas noise emanates
from sources both internal and external to the system. To eliminate any one of these may pose a
challenge to the design engineer.

Successful information recovery, while handling the aforementioned problems, invariably
calls for signal processing at the input and output. Common signal-processing operations include
the following:

• Amplification to compensate for attenuation

• Filtering to reduce interference and noise, and/or to obtain selected facets of information

• Equalization to correct some types of distortion

• Frequency translation or sampling to get a signal that better suits the system characteristics

• Multiplexing to permit one transmission system to handle two or more information-bearing
signals simultaneously

In addition, to enhance the quality of information recovery, several specialized techniques,
such as linearizing, averaging, compressing, peak detecting, thresholding, counting, and timing,
are used.

Analog signals in an analog communication system can be transmitted directly via carrier
modulation over the communication channel and demodulated accordingly at the receiver. Alter-
natively, an analog source output may be converted into a digital form and the message can be
transmitted via digital modulation and demodulated as a digital signal at the receiver. Potential
advantages in transmitting an analog signal by means of digital modulation are the following:

• Signal fidelity is better controlled through digital transmission than through analog trans-
mission; effects of noise can be reduced significantly.

• Since the analog message signal may be highly redundant, with digital processing, redun-
dancy may be removed prior to modulation.

• Digital communication systems are often more economical to implement.

Figure 14.1.2 illustrates the basic elements of a digital communication system. For each
function in the transmitting station, there is an inverse operation in the receiver. The analog input
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Figure 14.1.2 Basic elements of a digital communication system.

signal (such as an audio or video signal) must first be converted to a digital signal by an analog-
to-digital (A/D) converter. If no analog message is involved, a digital signal (such as the output
of a teletype machine, which is discrete in time and has a finite number of output characters) can
be directly input.

Encoding is a critical function in all digital systems. The messages produced by the source
are usually converted into a sequence of binary digits. The process of efficiently converting the
output of either an analog or a digital source into a sequence of binary digits is called source
encoding or data compression.

The sequence of binary digits from the source encoder, known as the information sequence,
is passed on to the channel encoder. The purpose of the channel encoder is to introduce some
redundancy in a controlled manner in the binary information sequence, so that the redundancy
can be used at the receiver to overcome the effects of noise and interference encountered in the
transmission of the signal through the channel. Thus, redundancy in the information sequence
helps the receiver in decoding the desired information sequence, thereby increasing the reliability
of the received data and improving the fidelity of the received signal.

The binary sequence at the output of the channel encoder is passed on to the digital modulator,
which functions as the interface to the communication channel. The primary purpose of the digital
modulator is to map the binary information sequence into signal waveforms, since nearly all the
communication channels used in practice are capable of transmitting electric signals (waveforms).
Because the message has only two amplitudes in a binary system, the modulation process is known
as keying. In amplitude-shift keying (ASK), a carrier’s amplitude is shifted or keyed between two
levels. Phase-shift keying (PSK) involves keying between two phase angles of the carrier, whereas
frequency-shift keying (FSK) consists of shifting a carrier’s frequency between two values. Many
other forms of modulation are also possible.

The functions of the receiver in Figure 14.1.2 are the inverse of those in the transmitter.
At the receiving end of a digital communication system, the digital demodulator processes the
channel-corrupted transmitted waveform and reduces each waveform to a single number, which
represents an estimate of the transmitted data symbol. For example, when binary modulation is
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used, the demodulator may process the received waveform and decide on whether the transmitted
bit is a 0 or 1. The source decoder accepts the output sequence from the channel decoder, and
from the knowledge of the source encoding method used, attempts to reconstruct the original
signal from the source. Errors due to noise, interference, and practical system imperfections
do occur. The digital-to-analog (D/A) converter reconstructs an analog message that is a close
approximation to the original message. The difference, or some function of the difference, between
the original signal and the reconstructed signal is a measure of the distortion introduced by the
digital communication system.

The remainder of this chapter deals with basic methods for analyzing and processing analog
signals. A large number of building blocks in a communication system can be modeled by linear
time-invariant (LTI) systems. LTI systems provide good and accurate models for a large class of
communication channels. Some basic components of transmitters and receivers (such as filters,
amplifiers, and equalizers) are LTI systems.

Periodic Signals and Fourier Series

In the study of analog systems, predicting the response of circuits to a general time-varying voltage
or current waveform x(t) is a difficult task. However, if x(t) can be expressed as a sum of sinusoids,
then the principle of superposition can be invoked on linear systems and the frequency response
of the circuit can be utilized to expedite calculations. Expressing a signal in terms of sinusoidal
components is known as spectral analysis. Let us begin here by considering the Fourier-series
expansion of periodic signals, which has been introduced in Section 3.1.

A periodic signal has the property that it repeats itself in time, and hence, it is sufficient to
specify the signal in the basic time interval called the period. A periodic signal x(t) satisfies the
property

x(t + kT ) = x(t) (14.1.1)

for all t, all integers k, and some positive real number T, called the period of the signal. For
discrete-time periodic signals, it follows that

x(n+ kN) = x(n) (14.1.2)

for all integers n, all integers k, and a positive integer N, called the period. A signal that does not
satisfy the condition of periodicity is known as nonperiodic.

EXAMPLE 14.1.1

Consider the following signals, sketch each one of them and comment on the periodic nature:

(a) x(t) = A cos(2πf0t + θ), where A, f 0, and θ are the amplitude, frequency, and phase of
the signal.

(b) x(t) = ej (2πf0t+θ), A > 0.

(c) Unit step signal u−1(t) defined by u−1(t) =
{ 1, t > 0

1/2, t = 0
0, t < 0

.

(d) Discrete-time signal x[n] = A cos(2πf0n+ θ), where n is an integer.
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So l u t i on

(a) This is a continuous-time signal (called a sinusoidal signal) that is real and periodic with
period T = 1/f0, as sketched in Figure E14.1.1(a).

(b) This is a complex periodic exponential signal. Its real part is

xr(t) = A cos(2πf0t + θ)

and its imaginary part is

xi(t) = A sin(2πf0t + θ)

This signal could also be described in terms of its modulus and phase. The absolute value
of x(t) is

|x(t)| =
√
x2
r (t)+ x2

i (t) = A

and its phase is

� x(t) = 2πf0t + θ

Sketches of these functions are shown in Figure E14.1.1(b). In addition, the following
relations apply:

xr(t) = |x(t)| cos[� x(t)]

xi(t) = |x(t)| sin[� x(t)]

� x(t) = arctan
xi(t)

xr(t)

(c) The unit step signal is a nonperiodic signal, sketched in Figure E14.1.1(c).

(d) A sketch of this discrete-time signal is shown in Figure E14.1.1(d).

This is not periodic for all values of f 0. The condition for it to be periodic is

2πf0(n+ kN)+ θ = 2πf0n+ θ + 2mπ

x(t)
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Figure E14.1.1 (a) Sinusoidal signal. (b) Real–imaginary and
magnitude–phase graphs of the complex exponential signal. (c)
Unit step signal. (d) Discrete sinusoidal signal.
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for all integers n and k, some positive integer N, and some integer m. From this it follows
that

2πf0kN = 2mπ or f0 = m/(kN)

that is, the discrete sinusoidal signal is periodic only for rational values of f 0.

Evenness and oddness are expressions of various types of symmetry present in signals. A
signal x(t) is even if it has a mirror symmetry with respect to the vertical axis. A signal is odd
if it is symmetric with respect to the origin. The signal x(t) is even if and only if, for all t, it
satisfies

x(−t) = x(t) (14.1.3)

and is odd if and only if, for all t,

x(−t) = −x(t) (14.1.4)

Any signal x(t), in general, can be expressed as the sum of its even and odd parts,

x(t) = xe(t)+ x0(t) (14.1.5)

xe(t) = x(t)+ x(−t)
2

(14.1.6)

xo(t) = x(t)− x(−t)
2

(14.1.7)

The half-wave symmetry is expressed by

x

(
t ± T

2

)
= −x(t) (14.1.8)

EXAMPLE 14.1.2

Discuss the nature of evenness and oddness of:

(a) The sinusoidal signal x(t) = A cos(2πf0t + θ).

(b) The complex exponential signal x(t) = ej2πf0t .

So l u t i on

(a) The signal is, in general, neither even nor odd. However, for the special case of θ = 0,
it is even; for the special case of θ = ±π/2, it is odd. In general,

x(t) = A cos θ cos 2πf0t − A sin θ sin 2πf0t

Since cos 2πf0t is even and sin 2πf0t is odd, it follows that

xe(t) = A cos θ cos 2πf0t

and

xo(t) = −A sin θ sin 2πf0t
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(b) From the sketches of Figure E14.1.1(b), for θ = 0, x(t) = Aej2πf0t , the real part and
the magnitude are even; the imaginary part and the phase are odd. Noting that a complex
signal x(t) is called hermitian if its real part is even and its imaginary part is odd, the
signal and symmetry are then said to be hermitian.

A signal x(t) is said to be causal if, for all t < 0, x(t) = 0; otherwise, the signal is noncausal.
An anticausal signal is identically equal to zero for t > 0. A discrete-time signal is a causal signal
if it is identically equal to zero for n < 0. Note that the unit step multiplied by any signal produces
a causal version of the signal.

Signals can also be classified as energy-type and power-type signals based on the finiteness
of their energy content and power content, respectively. A signal x(t) is an energy-type signal if
and only if the energy Ex of the signal,

Ex =
∫ ∞

−∞
|x(t)|2 dt = lim

T→∞

∫ T/2

−T/2
|x(t)|2 dt (14.1.9)

is well defined and finite. A signal is a power-type signal if and only if the power Px of the signal,

Px = lim
T→∞

1

T

∫ T/2

−T/2
|x(t)|2 dt (14.1.10)

is well defined and 0 ≤ Px <∞. For real signals, note that |x(t)|2 can be replaced by x2(t).

EXAMPLE 14.1.3

(a) Evaluate whether the sinusoidal signal x(t) = A cos (2πf0t + θ) is an energy-type or a
power-type signal.

(b) Show that any periodic signal is not typically energy type, and the power content of any
periodic signal is equal to the average power in one period.

So l u t i on

(a) Ex = lim
T→∞

∫ T/2

−T/2
A2 cos2 (2πf0t + θ) dt = ∞

Therefore, the sinusoidal signal is not an energy-type signal. However, the power of this
signal is

Px = lim
T→∞

1

T

∫ T/2

−T/2
A2 cos2(2πf0t + θ) dt

= lim
T→∞

1

T

∫ T/2

−T/2

A2

2
[1+ cos(4πf0t + 2θ)] dt

= lim
T→∞

{
A2T

2T
+
[

A2

8πf0T
sin(4πf0t + 2θ)

]+T/2

−T/2

}

= A2

2
<∞
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Hence, the given x(t) is a power-type signal with its power given by A2/2.

(b) For any periodic signal with period T0, the energy is given by

Ex = lim
T→∞

∫ +T/2

−T/2
|x(t)|2 dt = lim

n→∞

∫ +nT0/2

−nT0/2
|x(t)|2 dt

= lim
n→∞ n

∫ +T0/2

−T0/2
|x(t)|2 dt = ∞

Therefore, periodic signals are not typically energy type. The power content of any
periodic signal is

Px = lim
T→∞

1

T

∫ T/2

−T/2
|x(t)|2 dt = lim

n→∞
1

nT0

∫ nT0/2

−nT0/2
|x(t)|2 dt

= lim
n→∞

n

nT0

∫ T0/2

−T0/2
|x(t)|2 dt = 1

T0

∫ T0/2

−T0/2
|x(t)|2 dt

which shows that the power content of a periodic signal is equal to the average power in
one period.

The Fourier-series representation states that almost any periodic signal can be decomposed
into an infinite series of the form

x(t) = a0 +
∞∑
n=1

(an cos nωt + bn sin nωt) (14.1.11)

where a0, a1, b1, . . . are the Fourier coefficients, and ω is the fundamental angular frequency
related to the period T by ω = 2π/T = 2πf . The integer multiples of ω are known as harmonics:
2ω being the second harmonic that is even, 3ω being the third harmonic that is odd, and so forth.
The dc component is given by

a0 = 1

T

∫ T

0
x(t)dt (14.1.12)

which is seen to be the average value of x(t). The remaining coefficients can be computed from
the following integrals:

an = 2

T

∫ T

0
x(t) cos nωt dt, for n = 1, 2, . . . (14.1.13)

bn = 2

T

∫ T

0
x(t) sin nωt dt, for n = 1, 2, . . . (14.1.14)

It can be seen that bn= 0 for n= 1, 2, 3, . . . for even symmetry. Similarly, for odd symmetry,
an = 0 for n = 0, 1, 2, 3, . . . . For half-wave symmetry, an = bn = 0 for n = 2, 4, 6, . . . so that
the series contains only the odd-harmonic components. For relatively smooth signals, the higher
harmonic components tend to be smaller than the lower ones. Discontinuous signals have more
significant high-frequency content than continuous signals.
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EXAMPLE 14.1.4

Consider the following periodic waveforms shown in Figure E14.1.4:
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Figure E14.1.4 Periodic waveforms.
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(a) Rectangular pulse train

(b) Triangular wave

(c) Sawtooth wave

(d) Square wave

(e) Half-rectified sine wave

Identify the waveform symmetry and find expressions for the Fourier coefficients.

So l u t i on

Waveform Symmetry a0 an or bn

(a) Rectangular pulse train Even
DA

T
an = 2A

πn
sin

πDn

T
n = 1, 2, 3, . . .

(b) Triangular wave Even and half-wave 0 an = 8A

π2n2
n = 1, 3, 5, . . .

(c) Sawtooth wave Odd 0 bn = 2A

πn
n = 1, 2, 3, . . .

(d) Square wave Odd and half-wave 0 bn = 4A

πn
n = 1, 3, 5, . . .

(e) Half-rectified sine wave None
A

π
b1 = A

2

an = − 2A

π(n2 − 1)
n = 2, 4, 6, . . .

Spectral Analysis and Signal Bandwidth

Spectral analysis is based on the fact that a sinusoidal waveform is completely characterized by
three quantities: amplitude, phase, and frequency. By plotting amplitude and phase as a function
of frequency f (= ω/2π = 1/T ), the frequency-domain picture conveys all the information,
including the signal’s bandwidth and other significant properties about the signal that consists
entirely of sinusoids. The two plots together (amplitude versus frequency and phase versus
frequency) constitute the line spectrum of the signal x(t).

If x(t) happens to be a periodic signal whose Fourier coefficients are known, Equation
(14.1.11) can be rewritten as

x(t) = a0 +
∞∑
n=1

An cos(nωt + φn) (14.1.15)

where

An =
√
a2
n + b2

n and φn = −arctan

(
bn

an

)
The phase angles are referenced to the cosine function, in agreement with our phasor notation.
The corresponding phasor diagram of Fourier coefficients is shown in Figure 14.1.3.

Equation (14.1.15) reveals that the spectrum of a periodic signal contains lines at frequencies
of 0, f, 2f, and all higher harmonics of f, although some harmonics may be missing in particular
cases. The zero-frequency or dc component represents the average value a0, the components
corresponding to the first few harmonics represent relatively slow time variations, and the higher
harmonics represent more rapid time variations.
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Figure 14.1.3 Phasor diagram of Fourier coefficients.

EXAMPLE 14.1.5

The rectangular pulse train of Figure E14.1.4(a) consists of pulses of height A and duration D.
Such pulse trains are employed for timing purposes and to represent digital information. For a
particular pulse train, A = 3 and the duty cycle D/T = 1/3.

(a) Find the Fourier-series expansion of the pulse train.

(b) Sketch the line spectrum of the rectangular pulse train when T = 1 ms.

So l u t i on

(a) Using the solution of Example 14.1.4, we have for the particular pulse train:

a0 = DA

T
= 1; an = 2A

πn
sin

2Dn

T
= 6

πn
sin

πn

3
; bn = 0

Thus, the Fourier-series expansion results,

x(t) = 1+ 1.65 cos ωt + 0.83 cos 2ωt − 0.41 cos 4 ωt − 0.33 cos 5 ωt + . . .

Note that the terms corresponding to 3ω, 6ω, . . . are missing because an = 0 for n = 3,
6, . . . .

(b) T = 1 ms = 10−3 s and f = 103 Hz = 1 kHz. The line spectrum of the particular
rectangular pulse train is shown in Figure E14.1.5. As seen from the spectrum, most of
the time variation comes from the large-amplitude components below 6 kHz. The higher
frequency components have much smaller amplitudes, which account for the stepwise
jumps in the pulse train.

0

Phase

Amplitude

0

−180°

1

1

2 3 4
f, kHz

5 6 7 8 9

Figure E14.1.5
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Figure 14.1.4 Nonperiodic signal and its spectrum. (a) Single rectangular pulse. (b) Continuous amplitude
spectrum.

By letting T → ∞ for the rectangular pulse train of Figure E14.1.4(a), so that all pulses
vanish except the one centered at t = 0, we would obtain a single rectangular pulse, as shown in
Figure 14.1.4(a). Because f = 1/T → 0 when T → ∞, intuitively, the amplitude lines will
merge to form a continuous plot, as shown in Figure 14.1.4(b). Spectral analysis of nonperiodic
signals involves Fourier transform theory, which goes beyond the scope of this text. Smooth
curves, such as one in Figure 14.1.4(b), suggest that the signal energy is spread over a continuous
frequency range, rather than being concentrated in discrete sinusoidal components. Note that the
amplitude at f = 0 is equal to the net area DA of the nonperiodic signal.

When spectral peaks occur at or nearf = 0, and their amplitude spectra become progressively
smaller as frequency increases, such waveforms are known as low-pass signals, for which there
exists a signal bandwidth W such that all significant frequency content falls within the range of
0 ≤ f ≤ W . The concept of signal bandwidth plays a significant role in signal-processing and
communication systems. Table 14.1.1 lists the nominal bandwidths of a few selected signals.

The approximate reciprocal relationship W ∼= 1/D conveys the salient point that long pulses
have small bandwidths while short pulses have large bandwidths. This agrees qualitatively with
the rectangular pulse spectrum of Figure 14.1.4(b), although it ignores the components above
f = 1/D. In order to preserve the square corners of the rectangular pulse shape, we would have
to take W >> 1/D.

Filtering, Distortion, and Equalization

Frequency response and filters were discussed in Section 3.4. Any undesired waveform alteration
produced by a frequency-selective network is known as linear distortion. It is so designated to
distinguish it from the distortion caused by nonlinear elements. Let us now investigate filtering
and linear distortion from the point of view of spectral analysis.

TABLE 14.1.1 Lowpass Signal Bandwidths of Selected Signals

Signal Type Bandwidth

Telephone-quality voice 3 kHz
Moderate-quality audio 5 kHz
High-fidelity audio 20 kHz
Television video 4 MHz
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Figure 14.1.5 shows a block diagram in which an arbitrary linear network characterized by its
ac transfer function H(jω) has an input signal x(t) yielding an output signal y(t). Note that H(jω)
is represented here in terms of the amplitude ratio and phase shift as a function of frequency f
given by |H(f )| = |H(jω)| and θ(f ) = � H(jω), respectively, where ω is related to f through
the relation ω = 2πf .

If x(t) contains a sinusoidal component of magnitude A1 and phase φ1 at frequency f 1, the
corresponding output component of the linear network will have amplitude |H(f1)|A1 and phase
φ1 + θ(f1). If, on the other hand, the input should consist of several sinusoids given by

x(t) =
∑
n

An cos(2πfnt + θn) (14.1.16)

By superposition, the steady-state response at the output will be

y(t) =
∑
n

|H(fn)|An cos [2πfnt + φn + θ(fn)] (14.1.17)

By letting fn = nf 1 with n = 0, 1, 2, . . . , periodic steady-state response due to a periodic signal
can be obtained.

Whether periodic or nonperiodic, the output waveform signal is said to be undistorted if the
output is of the form

y(t) = Kx(t − td) (14.1.18)

That is to say, the output has the same shape as the input scaled by a factor K and delayed in time
by td. For distortionless transmission through a network it follows then that

|H(f )| = K and θ(f ) = −360°(tdf ) (14.1.19)

which must hold for all frequencies in the input signal x(t). Thus, a distortionless network will
have a constant amplitude ratio and a negative linear phase shift over the frequency range in
question.

When a low-pass signal having a bandwidth W is applied to a low-pass filter (see Section
3.4) with bandwidth B, essentially distortionless output is obtained when B ≥ W . Figure 14.1.6
illustrates the frequency-domain interpretation of distortionless transmission.

The preceding observation is of practical interest because many information-bearing wave-
forms are low-pass signals, and transmission cables often behave like low-pass filters. Also notice
that unwanted components at f > W contained in a low-pass signal can be eliminated by low-pass
filtering without distorting the filtered output waveform.

If |H(f )| �= K , one of the conditions given by Equation (14.1.19) for distortionless
transmission is not satisfied. Then the output suffers from amplitude or frequency distortion,
i.e., the amplitudes of different frequency components are selectively increased or decreased.
If θ(f ) does not satisfy the condition given in Equation (14.1.19), then the output suffers from
phase or delay distortion, i.e., different frequency components are delayed by different amounts
of time. Both types of linear distortion usually occur together.

The linear distortion occurring in signal transmission can often be corrected or reduced by
using an equalizer network. The concept is illustrated in Figure 14.1.7, in which an equalizer is
connected at the output of the transmission medium, such that

|H(f )| ∣∣Heq(f )
∣∣ = K and θ(f )+ θeq(f ) = −360°(tdf ) (14.1.20)

Linear network
|H( f )|  ∠θ( f )

x(t) y(t) Figure 14.1.5 Linear network with input and output signals.
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interpretation of distortionless
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|H( f )|  ∠θ( f )
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z(t)

Transmission medium Equalizer

Figure 14.1.7 Transmission sys-
tem with equalizer.

so that the equalized output signal is then z(t) = Kx(t − td), i.e., undistorted, regardless of the
distortion in y(t). For example, for correcting electrical and acoustical frequency distortion, audio
equalizers in high-fidelity systems are used to adjust the amplitude ratio over several frequency
bands. Sometimes, as in audio systems, phase equalization is not that critical since the human
ear is not that sensitive to delay distortion. However, human vision is quite sensitive to delay
distortion. Equalizers are also applied whenever energy storage in a transducer, or some other
part of a signal-processing system, causes linear distortion.

14.2 MODULATION, SAMPLING, AND MULTIPLEXING

Modulation is the process whereby the amplitude (or another characteristic) of a wave is varied
as a function of the instantaneous value of another wave. The first wave, which is usually a
single-frequency wave, is called the carrier wave; the second is called the modulating wave.
Demodulation or detection is the process whereby a wave resulting from modulation is so operated
upon that a wave is obtained having substantially the characteristics of the original modulating
wave. Modulation and demodulation are then reverse processes.

The information from a signal x(t) is impressed on a carrier waveform whose characteristics
suit a particular application. If the carrier is a sinusoid, we will see that a phenomenon known
as frequency translation occurs. If, on the other hand, the carrier is a pulse train, the modulating
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signal needs to be sampled as part of the modulation process. Frequency translation and sampling
have extensive use in communication systems. Both of these lend to multiplexing, which permits
a transmission system to handle two or more information-bearing signals simultaneously.

Frequency Translation and Product Modulation

The basic operation needed to build modulators is the multiplication of two signals. Whenever
sinusoids are multiplied, frequency translation takes place. Figure 14.2.1(a) shows a product
modulator, which multiplies the signal x(t) and a sinusoidal carrier wave at frequency fc to yield

xc(t) = x(t) cos 2πfct (14.2.1)

Choosing x(t) to be a low-pass signal with bandwidth W << fc, Figure 14.2.1(b) depicts the
relationship between xc(t) and x(t). The modulated wave xc(t) can now be seen to have a bandpass
spectrum resulting from frequency translation, which will be explained later.

If x(t) contains a sinusoidal component Am cos 2π fmt, multiplication by a sinusoidal carrier
wave cos 2π fct with fc >> fm yields

(Am cos 2πfmt)× (cos 2πfct) = Am

2
cos 2π(fc − fm)t + Am

2
cos 2π(fc + fm)t (14.2.2)

Waveforms of the signal, the carrier wave, and the product, as well as their respective line
spectra, are shown in Figure 14.2.2. Notice that the low frequency fm has been translated to the
higher frequencies fc ± fm.

Next, let us consider an arbitrary low-pass signal x(t) with the typical amplitude spectrum
of Figure 14.2.3(a). The amplitude spectrum of the modulated wave xc(t) will now have two
sidebands (lower and upper sidebands), each of width W on either side of fc, as illustrated in
Figure 14.2.3(b). Thus, we have a signal that can be transmitted over a bandpass system with a
minimum bandwidth of

B = 2W (14.2.3)

which is twice the bandwidth of the modulating signal. This process is then known as double-
sideband modulation (DSB). Either the lower or the upper sideband may be removed by filtering so
as to obtain single-sideband modulation (SSB) with B=W, if the bandwidth needs to be conserved.
By choosing the carrier frequency fc at a value where the system has favorable characteristics,
the frequency translation by product modulation helps in minimizing the distortion and other
problems in system design.

xc(t)

xc(t)

cos 2πfct

t0

Ideal
multiplier

Sinusoidal
carrier
wave

Modulated
wave

Information-bearing
input signal

(a) (b)

x(t)

x(t)

1/fc

Figure 14.2.1 (a) Product modulator. (b) Waveforms.
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Figure 14.2.3 Amplitude spectra in double-sideband modulation (DSB). (a) Amplitude spectrum of low-
pass modulation signal. (b) Amplitude spectrum of bandpass modulated signal.

Now, in order to recover x(t) from xc(t), the product demodulator shown in Figure 14.2.4(a),
which has a local oscillator synchronized in frequency and phase with the carrier wave, can be
used. The input y(t) to the low-pass filter is given by

x(t) cos 2πfct = x(t) cos2 2πfct

= 1

2
x(t)+ 1

2
x(t) cos 2π(2fc)t (14.2.4)

indicating that the multiplication has produced both upward and downward frequency translation.
In Equation (14.2.4), the first term is proportional to x(t), while the second looks like DSB at
carrier frequency 2fc. Then, if the low-pass filter in Figure 14.2.4(a) rejects the high-frequency
components and passes f ≤ W , the filtered output z(t) will have the desired form z(t) = Kx(t).
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Sampling and Pulse Modulation

In most analog circuits, signals are processed in their entirety. However, in many modern electric
systems, especially those that convert waveforms for processing by digital circuits, such as digital
computers, only sample values of signals are utilized for processing. Sampling makes it possible
to convert an analog signal to discrete form, thereby permitting the use of discrete processing
methods. Also, it is possible to sample an electric signal, transmit only the sample values, and use
them to interpolate or reconstruct the entire waveform at the destination. Sampling of signals and
signal reconstruction from samples have widespread applications in communications and signal
processing.

One of the most important results in the analysis of signals is the sampling theorem, which
is formally presented later. Many modern signal-processing techniques and the whole family
of digital communication methods are based on the validity of this theorem and the insight it
provides. The idea leading to the sampling theorem is rather simple and quite intuitive. Let us
consider a relatively smooth signal x1(t), which varies slowly and has its main frequency content
at low frequencies, as well as a rapidly changing signal x2(t) due to the presence of high-frequency
components. Suppose we are to approximate these signals with samples taken at regular intervals,
so that linear interpolation of the sampled values can be used to obtain an approximation of the
original signals. It is obvious that the sampling interval for the signal x1(t) can be much larger
than the sampling interval necessary to reconstruct signal x2(t) with comparable distortion. This
is simply a direct consequence of the smoothness of the signal x1(t) compared to x2(t). Therefore,
the sampling interval for the signals of smaller bandwidths can be made larger, or the sampling
frequency can be made smaller. The sampling theorem is, in fact, a statement of this intuitive
reasoning.

Let us now look from another point of view by considering a simple switching sampler
and waveforms shown in Figure 14.2.5(a). Let the switch alternate between the two con-
tacts at the sampling frequency fs = 1/Ts . The lower contact of the switch is grounded.
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Figure 14.2.5 (a) Switching sampler. (b) Model using switching function s(t).

While the switch is in touch with the upper contact for a short interval of time D << Ts ,
and obtains a sample piece of the input signal x(t) every Ts seconds, the output sampled
waveform xs(t) will look like a train of pulses with their tops carrying the sample values of
x(t), as shown in the waveform in Figure 14.2.5(a). This process can be modeled by using
a switching function s(t), shown in the waveform of Figure 14.2.5(b), and a multiplier in
the form

xs(t) = x(t)s(t) (14.2.5)

shown in Figure 14.2.5(b). The periodic switching function s(t) is simply a rectangular pulse train
of unit height, whose Fourier expansion is given by

s(t) = a0 + a1 cos 2πfst + a2 cos 2π(2fs) t + . . . (14.2.6)

with a0 = D/Ts and an = (2/πn) sin (πDn/Ts) for n = 1, 2, . . . [see Figure 14.1.4(a)]. Using
Equation (14.2.6) in Equation (14.2.5), we get

xs(t) = a0x(t)+ a1x(t) cos 2πfst + a2x(t) cos 2π(2fs) t + . . . (14.2.7)

By employing the frequency-domain methods, one can gain insight for signal analysis and easily
interpret the results. Supposing that x(t) has a low-pass amplitude spectrum, as shown in Figure
14.2.6(a), the corresponding spectrum of the sampled signal xs(t) is depicted in Figure 14.2.6(b).
Taking Equation (14.2.7) term by term the first term will have the same spectrum as x(t) scaled by
the factor a0; the second term corresponds to product modulation with a scale factor a1 and carrier
frequency fs, so that it will have a DSB spectrum over the range fs − W ≤ f ≤ fs + W ; the
third and all other terms will have the same DSB interpretation with progressively higher carrier
frequencies 2fs, 3fs, . . . .

Note that provided the sampling frequency satisfies the condition
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Figure 14.2.6 (a) Spectrum of low-pass signal. (b) Spectrum of sampled signal.

fs ≥ 2W (14.2.8)

none of the translated components falls into the signal range of 0 ≤ f ≤ W , as seen from Figure
14.2.6(b). Therefore, if the sampled signal xs(t) is passed through a low-pass filter, all components
at f ≥ fs −W will be removed so that the resulting output signal is of the same shape as a0x(t),
where a0 is given byD/Ts . These observations are summarized in the following uniform sampling
theorem:

A signal that has no frequency components at f ≥ W is completely described by uni-
formly spaced sample values taken at the rate fs ≥ 2W . The entire signal waveform
can be reconstructed from the sampled signal put through a low-pass filter that rejects
f ≥ fs −W .

The importance of the sampling theorem lies in the fact that it provides a method of recon-
struction of the original signal from the sampled values and also gives a precise upper bound
on the sampling interval (or equivalently, a lower bound on the sampling frequency) needed
for distortionless reconstruction. The minimum sampling frequency fs = 2W is known as
Nyquist rate.

When Equation (14.2.8) is not satisfied, spectral overlap occurs, thereby causing unwanted
spurious components in the filtered output. In particular, if any component of x(t) originally at
f ′ > fs/2 appears in the output at the lower frequency

∣∣fs − f ′
∣∣ < W , it is known as aliasing. In

order to prevent aliasing, one can process the signal x(t) through a low-pass filter with bandwidth
Bp ≤ fs/2 prior to sampling.

The elements of a typical pulse modulation system are shown in Figure 14.2.7(a). The
pulse generator produces a pulse train with the sampled values carried by the pulse ampli-
tude, duration, or relative position, as illustrated in Figure 14.2.7(b). These are then known
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Figure 14.2.7 (a) Typical pulse modulation system. (b) Waveforms.

as pulse amplitude modulation (PAM), pulse duration modulation or pulse width modula-
tion (PDM or PWM), and pulse position modulation (PPM), respectively. At the output end,
the modulated pulses are converted back to sample values for reconstruction by low-pass
filtering.

EXAMPLE 14.2.1

In order to demonstrate aliasing, make a plot of the signal

x(t) = 3 cos 2π10t − cos 2π30t

which approximates a square wave with W = 30 Hz. If the sample points are taken at

t = 0,
1

60
,

2

60
, . . . ,

6

60

corresponding to Ts = 1/(2W), you can see that x(t) could be recovered from those samples.
However, if the sample points are taken at
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t = 0,
1

40
,

2

40
, . . .

corresponding to Ts = 1/(2W) and fs < 2W , a smooth curve drawn through these points will
show the effect of aliasing.

So l u t i on

The waveforms are sketched in Figure E14.2.1.
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Figure E14.2.1

Multiplexing Systems

A multiplexing system is one in which two or more signals are transmitted jointly over the
same transmission channel. There are two commonly used methods for signal multiplexing.
In frequency-division multiplexing (FDM), various signals are translated to nonoverlapping
frequency bands. The signals are demultiplexed for individual recovery by bandpass filtering
at the destination. FDM may be used with either analog or discrete signal transmission. Time-
division multiplexing (TDM), on the other hand, makes use of the fact that a sampled signal is
off most of the time and the intervals between samples are available for the insertion of samples
from other signals. TDM is usually employed in the transmission of discrete information. Let us
now describe basic FDM and TDM systems.

Figure 14.2.8(a) shows a simple FDM system which is used in telephone communication
systems. Each input is passed through a low-pass filter (LPF) so that all frequency components
above 3 kHz are eliminated. It is then modulated onto individual subcarriers with 4-kHz spacing.
While all subcarriers are synthesized from a master oscillator, the modulation is achieved with
single sideband (SSB). The multiplexed signal, with a typical spectrum as shown in Figure
14.2.8(b), is formed by summing the SSB signals and a 60-kHz pilot carrier. The bandpass filters
(BPFs) at the destination separate each SSB signal for product demodulation. Synchronization is
achieved by obtaining the local oscillator waveforms from the pilot carrier. Telephone signals are
often multiplexed in this fashion.

A basic TDM system is illustrated in Figure 14.2.9(a). Let us assume for simplicity that all
three input signals have equal bandwidths W. A commutator or an electronic switch subsequently
obtains a sample from each input every Ts seconds, thereby producing a multiplexed waveform
with interleaved samples, as shown in Figure 14.2.9(b). Another synchronized commutator at the
destination isolates and distributes the samples to a bank of low-pass filters (LPFs) for individual
signal reconstruction. More sophisticated TDM systems are available in which the sampled values
are converted to pulse modulation prior to multiplexing and carrier modulation is included after
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Figure 14.2.8 (a) Simple FDM system. (b) Typical spectrum of multiplexed signal with pilot.

multiplexing. Integrated switching circuits have made the TDM implementation much simpler
than FDM.

EXAMPLE 14.2.2

Find the transmission bandwidth required of a data telemetry system that is to handle three different
signals with bandwidths W1 = 1 kHz, W2 = 2 kHz, and W3 = 3 kHz, by employing:

(a) FDM with DSB subcarrier modulation.

(b) TDM with pulse duration D = Ts/6.

So l u t i on

(a) B ≥ 2W1 + 2W2 + 2W3 = 12kHz.

(b) fs ≥ 2W3 = 6 kHz, so B ≥ 1/D = 6fs ≥ 36 kHz.
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14.3 INTERFERENCE AND NOISE

An information-bearing signal often becomes contaminated by externally generated interference
and noise and/or by internally generated noise. The demodulated message signal is generally
degraded to some extent by the presence of these distortions (attenuation, interference, and
noise) in the received signal. The fidelity of the received message signal is then a function
of the type of modulation, the strength of the additive noise, the type and strength of any
other additive interference, and the type of any nonadditive interference or noise. This section
only introduces some of the major causes of interference and noise, and touches upon some
methods of dealing with their effects in order to minimize the interference and suppress the
noise.

Interference may take several forms: ac hum, higher frequency pulses and “whistles,” or
erratic waveforms commonly known as static. Interfering signals can be seen to enter the system
primarily through the following mechanisms:

• Capacitive coupling, because of the stray capacitance between the system and an external
voltage

• Magnetic coupling, because of the mutual inductance between the system and an external
current

• Radiative coupling, because of electromagnetic radiation impinging on the system, partic-
ularly in the channel

• Ground-loop coupling, because of the currents flowing between different ground points

To minimize coupling from the inevitable sources, all exposed elements are usually enclosed
within conducting shields, which offer low-resistance paths to ground. When held at a common
potential, these shields are quite effective in reducing most types of interference. However, low-
frequency magnetic coupling can induce unwanted current flow through the shields themselves.
Then the shield connection has to be interrupted to avoid a closed-loop current path. An additional
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layer of special magnetic shielding material may become necessary sometimes in extreme cases
of magnetic-coupling interference. The grounding terminals, the equipment cases, and the shields
are generally tied together at a single system ground point so as to prevent ground-loop current-
coupling interference.

The transducer in some cases may have a local ground that cannot be disconnected. In such
a case, a separate ground strap (braided-wire straps used because of their low inductance) is used
to connect the local ground and the system ground point. The shield is also disconnected from
the amplifier so as to prevent ground-loop current through the shield. Because the ground strap
has nonzero resistance, any stray current through the strap will cause an interference voltage vcm

known as common-mode voltage since it appears at both the transducer and the shield terminals.
vcm is generally quite small; however, when the information-bearing signal voltage itself is rather
small, the common-mode voltage may pose a problem, which can be eliminated by using the
differential amplifier, as shown in Figure 14.3.1. The analysis with the virtual-short model of the
op-amp reveals that

vout = K(v2 − v1) (14.3.1)

amplifying the difference voltage v2−v1. With reasonable assumptions that Rs << R1 and Rt <<

R2, we have v1
∼= vcm and v2

∼= x + vcm, so that

vout = K [(x + vcm)− vcm] = Kx (14.3.2)

in which vcm has been eliminated as desired. Such an op-amp circuit is also known as an
instrumentation or transducer amplifier.

Any interference at frequencies outside the signal band can be eliminated by appropriate
filtering. However, in order to combat interference within the signal band (after proper shielding
and grounding), a notch filter is sometimes used to avoid the bothersome interference at a single
frequency f 0. Figure 14.3.2 illustrates the point: Part (a) shows the composite amplitude spectrum
including the single-frequency interference; part (b) depicts the amplitude ratio of the notch filter.
The notch-filtering technique does, of course, introduce some inevitable signal distortion, and
such filtering should precede amplification to prevent possible saturation of the amplifier due to
the interference.

+

+
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Transducer

Differential
amplifier

vcm

vout

v1

v2 R2

R1

RF = KR1

R3 = KR2

Rs

Rtx(t)

Model of a transducer
with common-mode voltage

+
−

Figure 14.3.1 Differential amplifier to eliminate the common-mode voltage.
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Noise

In any communication system there are usually two dominant factors that limit the performance
of the system:

1. Additive noise, generated by electronic devices that are used to filter and amplify the
communication signal.

2. Signal attenuation, as the signal travels through a lossy channel.

A simple mathematical model of a channel with attenuation and additive noise is shown in
Figure 14.3.3. If the transmitted signal is s(t), the received signal is given by

r(t) = αs(t)+ n(t) (14.3.3)

where α < 1, and n(t) represents an additive random noise process corrupting the transmitted
signal. Physically, the additive noise may arise from electronic components and amplifiers at the

Channel

Noise n(t)

Transmitted
signal s(t)

Received signal
r(t) : α s(t) + n(t)

Attenuation α

Figure 14.3.3 Mathematical model of channel with attenuation and additive noise.
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receiver of the communication system, or from interference encountered in transmission as in
the case of radio-signal transmission. The effect of signal attenuation is to reduce the amplitude
of the desired signal s(t) and, thus, to render the information-bearing signal more vulnerable to
additive noise.

Signal attenuation in many channels can be offset by using amplifiers to boost the signal
level during transmission. However, the amplifier also introduces additive noise in the process
of amplification, thereby corrupting the signal. The additional noise must also be taken into
consideration in the design of the communication system.

Any conductive two-terminal device is characterized generally as lossy, with some resistance
R. A resistor, which is at a temperature τ above absolute zero, contains free electrons that exhibit
random motion and, thus, result in a noise voltage across the terminals of the resistor. Such a noise
voltage is known as thermal noise. If the noise is introduced primarily by electronic components
and amplifiers at the receiver, it may be characterized as thermal noise.

In general, any physical resistor or lossy device can be modeled by a noise source in series
with a noiseless resistor, as shown in Figure 14.3.4. The noise source is usually characterized as a
sample function of a random process. Since random processes involving probability and random
variables are outside the scope of this text, we will resort to simpler explanations. Figure 14.3.5

(b)(a)

R R

n(t)

Figure 14.3.4 Physical resistor or lossy device. (a) Noiseless resistor. (b) Noise-
less resistor in series with a noise source.

n(t)

nrms

f
0 1012 Hz

(a)

(b)

Noise power spectrum

η

t0

Figure 14.3.5 Thermal or white noise. (a) Typical waveform. (b) Typical power spectrum.



14.3 INTERFERENCE AND NOISE 653

(a) illustrates a typical thermal noise waveform n(t). In view of the unpredictable behavior, since
the average value of n(t) may be equal to zero, a more useful quantity is the rms value nrms so that
the average noise power is given by

N = n2
rms/R, if nrms is noise voltage (14.3.4)

or

N = n2
rmsR, if nrms is noise current (14.3.5)

The spectrum of thermal noise power is uniformly spread over frequency up to the infrared region
around 1012 Hz, as shown in Figure 14.3.5(b). Such a distribution indicates that n(t) contains all
electrical frequencies in equal proportion, and an equal number of electrons is vibrating at every
frequency. By analogy to white light, which contains all visible frequencies in equal proportion,
thermal noise is also referred to as white noise.

The constant η in Figure 14.3.5(b) stands for the noise power spectral density, expressed in
terms of power per unit frequency (W/Hz). Statistical theory shows that

η = kT (14.3.6)

where k is the Boltzmann constant given by 1.381 × 10−23 J/K and T is the source temperature
in kelvins. Equation (14.3.6) suggests that a hot resistance is noisier than a cool one, which is
compatible with our notion of thermally agitated electrons. At room temperature T0

∼= 290 K
(17° C), η0 works out as 4× 10−21 W/Hz.

When we employ amplifiers in communication systems to boost the level of a signal, we are
also amplifying the noise corrupting the signal. Because any amplifier has some finite passband,
we may model an amplifier as a filter with frequency response characteristic H(f ). Let us evaluate
the effect of the amplifier on an input thermal noise source.

Noiseless
amplifier

nout(t)

NoutN

n(t)

G, B

RLR

Power
spectrum

B
Bandwidth

fl fu

(c)

0

η

N = ηB

Lower
cutoff

Upper
cutoff

Thermal
noise
source

Amplifier
H( f )

Load

(b)

(a)
MatchedMatched

Figure 14.3.6 Thermal noise converted to amplifier and load. (a) Matched block diagram. (b) Circuit
representing thermal noise at amplifier input. (c) Power spectrum.
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Figure 14.3.6(a), in block diagram form, illustrates a thermal noise source connected to
a matched two-port network having frequency response H(f ) and the output of the network
connected to a matched load. Figure 14.3.6(b) shows a thermal noise source represented by a
resistance R connected to an amplifier with a matched input resistance. Presuming the amplifier
to be noiseless, with power gain G and bandwidth B, the output noise power is

Nout = GN = GηB (14.3.7)

where N = ηB represents the source noise power [the area under the power-spectrum curve
falling within the passband, as shown in Figure 14.3.6(c)] accepted by the amplifier as input. The
rms noise voltage for a thermal source connected to a matched resistance is then given by

ηrms =
√
RkT B (14.3.8)

The open-circuit voltage would be twice this value.
Amplifier noise arises from both thermal sources (resistances) and nonthermal sources

(semiconductor devices). Although nonthermal noise is not related to physical temperature and
does not necessarily have a uniform spectrum like that of thermal noise, one still refers to an
amplifier’s noise temperature Ta, for convenience, as a measure of noisiness referred to the input.
The model of a noisy amplifier is shown in Figure 14.3.7(a) with input noise N = ηB = kT B

from a source at temperature T, and the output power given by

Nout = GN +Na = GN +GkTaB = Gk(T + Ta)B (14.3.9)

where Na = GkTaB is the output noise power caused only by the amplifier, G is the power gain
of the amplifier, and B is the bandwidth of the amplifier. Note that the amplifier noise Na is added
to the amplified source noise to yield the output power in Equation (14.3.9). If T = T0 (i.e., room
temperature), then Nout

∼= Na , and the amplifier noise dominates the source noise, which is a
common occurrence. When Ta >> T0, the amplifier is very noisy, although not physically hot.

Figure 14.3.7(b) depicts the variation of noise temperature with frequency for a nonthermal
source. Several phenomena lumped together under the term one-over-f (1/f ) noise lead to the
pronounced low-frequency rise in Figure 14.3.7(b). Such 1/f noise is produced by transistors
and certain transducers, such as photodiodes and optical sensors.

Signals in Noise

Let us now consider a weak information signal that is to be amplified by a noisy amplifier.
The signal-to-noise ratio (SNR), usually expressed in decibels, becomes an important system
performance measure. It is given by

Nout = GN + Na
= Gk(T + Ta)B

G, B, Ta

Power
spectrum

N = kTB

f

noise1
f

(b)(a)

Figure 14.3.7 (a) Model of a noisy amplifier. (b) Power spectrum of nonthermal noise.
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SNR = Pout

Nout
= GPin

Gk(T + Ta)B
= Pin

k(T + Ta)B
(14.3.10)

where the amplified signal power is Pout = GPin in the numerator, which includes source and
amplifier noise given by Equation (14.3.9); Pin is the average power of the input signal; and the
denominator Nout is the total output noise power given by Equation (14.3.9). Notice that the am-
plifier’s power gain G does not appear in the final result of the SNR. A large SNR indicates that the
signal is strong enough to mask the noise and possibly make the noise inconsequential. For exam-
ple, with SNR≥ 20 dB, intelligible voice communication results; otherwise, “static” in the voice
signal; with SNR ≥ 50 dB, noisefree television image results; otherwise, “snowy” TV picture.

For a good system performance, Equation (14.3.10) suggests a large value of Pin and/or small
values for T + Ta and B. However, one should be reminded here that the amplifier’s bandwidth
B should not be less than the signal bandwidth W. That simply means that with large-bandwidth
signals, one would expect noise to be more troublesome.

Frequency translation can be used effectively to reduce the effect of 1/f noise by putting the
signal in a less noisy frequency band. Figure 14.3.8(a) shows the schematic implementation with
product modulation and demodulation, whereas Figure 14.3.8(b) illustrates the noise reduction in
terms of the areas under the noise power curve. The two multipliers in Figure 14.3.8(a) are normally
implemented by using a pair of synchronized switches. It turns out that the product modulation
requires bandwidth B = 2W , and the synchronized product demodulation doubles the final SNR.

Another way of improving the SNR is by preemphasis and deemphasis filtering. Generally,
for low-frequency components of the message signal FM (frequency modulation) performs better,
and for high-frequency components PM (phase modulation) is a better choice. Hence, if one can
design a system that performs FM for low-frequency components of the message signal, and

Power
spectrum

f

Amplifier with 1/f noise

fc

fc fc + WW fc − W0

Synchronized
switches

(b)

Low-pass
filter

(a)

Kx(t)

Figure 14.3.8 (a) Schematic arrangement with frequency translation to reduce
the effect of 1/f noise. (b) Noise power spectrum.
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works as a phase modulator for high-frequency components, a better overall system performance
results compared to each system (FM or PM) alone. This is the idea behind preemphasis and
deemphasis filtering techniques.

Figure 14.3.9(a) shows a typical noise power spectrum at the output of the demodulator in the
frequency interval |f | < W for PM, whereas Figure 14.3.9(b) shows that for FM. The preemphasis
and deemphasis filter characteristics (i.e., frequency responses) are shown in Figure 14.3.10.

Due to the high level of noise at high-frequency components of the message in FM, it is
desirable to attenuate the high-frequency components of the demodulated signal. This results in
a reduction in the noise level, but causes the higher frequency components of the message signal
to be attenuated also. In order to compensate for the attenuation of the higher components of the
message signal, one can amplify these components at the transmitter before modulation. Thus, at
the transmitter we need a high-pass filter, and at the receiver we must use a low-pass filter. The
net effect of these filters is to have a flat frequency response. The receiver filter should therefore
be the inverse of the transmitter filter. The modulator filter, which emphasizes high frequencies,
is called the preemphasis filter, and the demodulator filter, which is the inverse of the modulator
filter, is called the deemphasis filter.

If the signal in question is a constant whose value we seek, as is the case sometimes in simple
measurement systems, the measurement accuracy will be enhanced by a low-pass filter with the
smallest bandwidth B. Low-pass filtering, in a sense, carries out the operation of averaging, since
a constant corresponds to the average value (or dc component) and since noise usually has zero
average value. However, some noise will get through the filter and cause the processed signal
z(t) to fluctuate about the true value x, as shown in Figure 14.3.11. Allowing any sample to fall
somewhere between x − ε and x + ε, the rms error G is defined by

Noise-power
spectrum

f

N0

Ac
2

−W W

(b)

(a)

Noise-power
spectrum

f
−W W

Figure 14.3.9 Noise power spectrum at de-
modulator output. (a) In PM. (b) In FM.
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1

f
5f04 f03f02f0f00−f0−2f0−3f0−4 f0−5f0

(a)

1 + 
f 2

f0
2|Hp( f )| =

1

1

f
5f04 f03f02f0f00−f0−2f0−3f0−4 f0−5f0

(b)

1 + 
f 2

f0
2

|Hd ( f )| =

Figure 14.3.10 (a) Preemphasis
filter characteristic. (b) Deempha-
sis filter characteristic.

z(t)

x + ε

x − ε

x 

t
t1 t2 t3

z(t1)

z(t2) z(t3)

Figure 14.3.11 Constant signal x
with noise fluctuations.

G = x√
Pout/Nout

(14.3.11)

By taking M different samples of z(t), the arithmetic average can be seen to be

zav = 1

M
(z1 + z2 + . . .+ zM) (14.3.12)

If the samples are spaced in time by at least 1/B seconds, then the noise-induced errors tend to
cancel out and the rms error of zav becomes

εM = ε/
√
M (14.3.13)

This averaging method amounts to reducing the bandwidth to B/M .
When the signal in question is a sinusoid whose amplitude is to be measured, averaging

techniques can also be used by utilizing a narrow bandpass filter, or a special processor known
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as a lock-in amplifier. For extracting information from signals deeply buried in noise, more
sophisticated methods based on digital processing are available.

EXAMPLE 14.3.1

A low-noise transducer is connected to an instrumentation system by a cable that generates thermal
noise at room temperature. The information-bearing signal has a bandwidth of 6 kHz. The signal
power delivered is Pin = 120 pW. Evaluate the condition on the amplifier noise temperature Ta

such that the signal-to-noise ratio (SNR) is greater than or equal to 50 dB.

So l u t i on

Applying Equation (14.3.10) with T = T0,

SNR = Pout

Nout
= Pin

k(T + Ta)B
= Pin

kT0

(
1+ Ta

T0

)
B
= 120× 10−12

4× 10−21
(

1+ Ta
T0

)
6× 103

≥ 105

Hence,

Ta ≤ 49T0

This condition can easily be satisfied in the case of a well-designed amplifier.

14.4 LEARNING OBJECTIVES

The learning objectives of this chapter are summarized here so that the student can check whether
he or she has accomplished each of the following.

• Basic ideas of analog and digital communication systems.

• Constructing the line spectrum of a periodic signal from its Fourier-series expansion.

• Conditions for distortionless transmission.

• Sketching spectra at various points in a system using product modulation and filtering.

• Conditions under which a signal can be sampled and then reconstructed from a pulse-
modulated waveform.

• Basic notions of multiplexing systems.

• Causes of interference and noise, and techniques for minimizing their effects.

14.5 PRACTICAL APPLICATION: A CASE STUDY

Antinoise Systems—Noise Cancellation

Traditionally sound-absorbing materials have been used quite effectively to reduce noise levels in
aircraft, amphitheaters, and other locations. An alternate way is to develop an electronic system
that cancels the noise. Ear doctors and engineers have successfully developed ear devices that
will nearly eliminate the bothersome and irritating noise (so-called tinnitus) experienced by
patients suffering from Ménière’s disease. For passengers in airplanes, helicopters, and other
flying equipment, a proper headgear is being developed in order to eliminate the annoying noise.
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Applications could conceivably extend to people residing near airports and bothered by airplane
takeoffs and landings. For industrial workers who are likely to develop long-term ill effects due
to various noises they may be subjected to in their workplace, and even for persons who are
irritated by the pedestrian noise levels in certain locations, antinoise systems that nearly eliminate
or nullify noise become very desirable.

Figure 14.5.1 illustrates in block-diagram form the principle of noise cancellation as applied
to an aircraft carrying passengers. The electric signal resulting after sampling the noise at the
noise sources is passed through a filter whose transfer function is continuously adjusted by a
special-purpose computer to match the transfer function of the sound path. An inverted version
of the signal is finally applied to loudspeakers, which project the sound waves out of phase with
those from the noise sources, nearly canceling the noise. Microphones on the headrests monitor
the sound experienced by the airline passengers so that the computer can determine the proper
filter adjustments.

Signal processing, which is concerned with manipulating signals to extract information and
to use that information to generate other useful electric signals, is indeed an important and far-
reaching subject.

Adaptable
filter

Computer

Noise
source

Microphone near
sources of noise

such as 
engines and propellers
(noise sampled before

entering passenger area)

Microphones
(located on passenger headrests)

monitor sound level

Inverted signal version
of the transfer function

of the sound path
applied to loudspeakers

Sound waves
nearly cancel those
from noise sources

Loudspeakers
located in
passenger
cabin area

Figure 14.5.1 Block diagram of antinoise system to suppress the noise in an aircraft.

PROBL EMS

14.1.1 (a) A rectangular pulse is denoted by �(t) and
defined as

�(t) =




1, −1

2
< t <

1

2
1
2 , t = ± 1

2
0, otherwise

Sketch the signal. Also express it in terms of
unit-step signals.

(b) The sinc signal is given by

sinc(t) =
{

sinπt
πt

, t �= 0
1, t = 0

Sketch the waveform and comment on its
salient features.

(c) The sign or signum signal is represented by
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sgn(t) =



1, t > 0
−1 t < 0
0, t = 0

which can be expressed as the limit of the
signal xn(t) defined by

xn(t) =


e−1/n, t > 0
−e1/n, t < 0
0, t = 0

as n→∞. Sketch the waveform as the limit
of xn(t).

*14.1.2 A large number of building blocks in a commu-
nication system can be modeled by LTI (linear
time-invariant) systems, for which the impulse
response completely characterizes the system.
Consider the system described by

y(t) =
∫ t

−∞
x(τ) dτ

which is called an integrator. Investigate whether
the system is LTI by finding its response to x(t −
t0).

14.1.3 For a real periodic signal x(t) with period T0,
three alternative ways to represent the Fourier
series expansion are:

x(t) =
+∞∑
−∞

xne
j2π n

T0
t

= a0

2
+

∞∑
n=1

[
an cos

(
2π

n

T0
t

)

+ bn sin

(
2π

n

T0
t

)]

= x0 + 2
∞∑
n=1

|xn| cos

(
2π

n

T0
t + � xn

)

where the corresponding coefficients are
obtained from

xn = 1

T0

∫ α+T0

α

x(t)e
−j2π n

T0
t
dt = an

2
− j

bn

2

an = 2

T0

∫ α+T0

α

x(t) cos

(
2π

n

T0
t

)
dt

bn = 2

T0

∫ α+T0

α

x(t) sin

(
2π

n

T0
t

)
dt

|xn| = 1

2

√
a2
n + b2

n

� xn = −arctan

(
bn

an

)
in which the parameter α in the limits of the
integral is arbitrarily chosen as α = 0 or α =
−T0/2, for convenience.

(a) Show that the Fourier-series representation
of an impulse train is given by

x(t) =
+∞∑

n=−∞
δ(t − nT0) = 1

T0

+∞∑
n=−∞

e
j2π n

T0
t

Also sketch the impulse train.

(b) Obtain the Fourier-series expansion for the
signal x(t) sketched in Figure P14.1.3 with
T0 = 2, by choosing α = −1/2.

14.1.4 (a) Show that the sum of two discrete periodic
signals is periodic.

(b) Show that the sum of two continuous peri-
odic signals is not necessarily periodic; find
the condition under which the sum of two
continuous periodic signals is periodic.

14.1.5 Classify the following signals into even and odd
signals:

(a)
x1(t) =



e−t , t > 0
−e−t , t < 0
0, t = 0

(b) x2(t) = e−|t |

1

−1

t
−2

2
−1

15
2−

5
2

3
2− 1

2−

1
2

3
2

Figure P14.1.3
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(c)

x3(t) =
{

t
|t | , t �= 0
0, t = 0

*14.1.6 For the following neither even nor odd signals,
find the even and odd parts of the signals.

(a)

x4(t) =
{
t, t ≥ 0
0, t < 0

(b) x5(t) = sin t + cos t

14.1.7 Classify the following signals into energy-type
or power-type signals, and determine the energy
or power content of the signal.

(a) x1(t) = e−t cos t u−1(t)

(b) x2(t) = e−t cos t

(c)

x3(t) = sgn(t) =



1, t > 0
−1, t < 0
0, t = 0

Note:
∫
eax cos2 x dx = 1

4+a2 [(a cos2 x+
sin 2x)+ 2

a
]eax .

14.1.8 (a) Based on Example 14.1.3, comment on
whether x(t) = A cos 2π f 1t + B 2π f 2t is
an energy- or a power-type signal.

(b) Find its energy or power content for f 1 = f 2

and f 1 �= f 2.

14.1.9 For the power-type signals given, find the power
content in each case.

(a) x(t) = Aej(2πf0t+θ).

(b) x(t) = u−1(t), the unit-step signal.

14.1.10 Show that the product of two even or two odd
signals is even, whereas the product of an even
and an odd signal is odd.

14.1.11 The triangular signal is given by

�(t) =


t + 1, −1 ≤ t ≤ 0
−t + 1, 0 ≤ t ≤ 1
0, otherwise

(a) Sketch the triangular pulse.

(b) Sketch x(t) =∑+∞
n=−∞ �(t − 2n).

(c) Sketch x(t) =∑+∞
n=−∞ (−1)n �(t − n).

14.1.12 For real, even, and periodic functions with period
T0, the Fourier-series expansion can be expressed
as

x(t) = a0

2
+

∞∑
n=1

an cos

(
2π

n

T0
t

)

where

an = 2

T0

∫ α+T0

α

x(t) cos

(
2π

n

T0
t

)
dt

Determine an for the following signals:

(a) x(t) = |cos 2πf0t |, full wave rectifier out-
put.

(b) x(t) = cos 2πf0t + |cos 2πf0t |, half-wave
rectifier output.

*14.1.13 For real x(t) given by Equation (14.1.11), identify
the even and odd parts of x(t).

14.1.14 Three alternative ways of representing a real peri-
odic signal x(t) in terms of Fourier-series expan-
sion are given in Problem 14.1.3. Determine the
expansion coefficients xn of each of the periodic
signals shown in Figure P14.1.14, and for each
signal also determine the trigonometric Fourier-
series coefficients an and bn.

14.1.15 Certain waveforms can be viewed as a combi-
nation of some other waveforms for which the
Fourier coefficients are already known. Exam-
ple 14.1.4 shows some periodic waveforms for
which the coefficients a0, an, and bn are given by
Equations (14.1.12) through (14.1.14), respec-
tively. Use those to find the nonzero Fourier-
series coefficients for the waveforms given in
Figure P14.1.15.

14.1.16 Determine the bandwidth W from two criteria, (i)
An < (An)max/10, for nf1 > W , and (ii) An <

(An)max/20, for nf1 > W , for the following
cases. (Note that A stands for amplitude.)

(a) Waveform of Figure E14.1.4(a), with A =
π,D = 0.25 µs, and T = 0.5 µs.

(b) Waveform of Figure E14.1.4(b), with A =
π2 and T = 2.5 µs.

(c) Waveform of Figure E14.1.4(d), withA = π

and T = 10 ms.

(d) Waveform of Figure E14.1.4(e), withA = π

and T = 800 µs.

14.1.17 Consider the rectangular pulse train x(t) of Figure
E14.1.4(a), with A = 2 and D = T/2. Let v(t) =
x(t) − 1.

(a) Sketch x(t) and v(t).
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3
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x(t)

(f)

t

1

Figure P14.1.14

(b) Using the result of Figure E14.1.4(a), find
the Fourier coefficients of v(t).

*14.1.18 The waveforms of Figure E14.1.4(b) and (c) are
given to have A = π and T = 0.2 ms.

(a) For 0 ≤ f ≤ 30 kHz, sketch and label the
amplitude spectra.

(b) For An < A1/5 for all nf1 < W (where A
stands for amplitude), determine the value of
W in each case.

14.1.19 Consider Figure 14.1.5, with x(t) = 3 cos 2π t

+ cos(2π3t + 180°), |H(f )| = 1, and constant
phase shift θ(f ) = −90°. Sketch x(t) and y(t).

14.1.20 The frequency response of a transmission system
is given by

|H(f )| = 1√
1+ (f/fco)2

;

θ(f ) = −tan−1 f

fco

where fco = ωco/2π = 5 kHz. In order to satisfy
Equation (14.1.20), over the range of 0 ≤ f ≤
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(a)
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(b)
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t
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(c)

6

−6

Figure P14.1.15

10 kHz, with K = 1, find and sketch the required
equalizer characteristics.

14.1.21 The frequency response of a high-pass transmis-
sion system is given by

|H(f )| = f/fco

1+ (f/fco)2
;

θ(f ) = 90°− tan−1(f/fco)

with fco = ωco/2π = 100 Hz. If x(t) is a
triangular wave of Figure E14.1.4(b), with A =
π2/8 and T = 25 ms, obtain an approximate
expression for the periodic steady-state response
y(t). See Figure 14.1.5.

14.2.1 (a) Let x(t) = 12 cos 2π100t + 8 cos 2π150t,
and xc(t) = x(t) cos 2π fct, where fc = 600
Hz. Sketch the amplitude spectrum.

(b) List all the frequencies in the product xc(t)
cos 2π500t, where xc(t) is given in part (a).

14.2.2 The input to the product modulator of Figure

14.2.1 is given by x(t) = 8 cos 2π3000t + 4
cos 2π7000t. The frequency of the carrier wave
is 6 kHz. Sketch the amplitude line spectrum of
the modulated wave xc(t).

*14.2.3 Consider the following system with x(t)= 12 cos
2π100t + 4 cos 2π300t and two ideal filters as
shown in Figure P14.2.3. Find xa(t) and xb(t).

14.2.4 Consider the product modulator of Figure
14.2.4(a), where the oscillator generates
cos[2π(fc+�f )t+�φ] in which�f and�φ are
synchronization errors. Find z(t) produced by the
following inputs, when fm = 1 kHz, �f = 200
Hz, and �φ = 0:

(a) DSB input xc(t) = 4 cos 2πfmt cos 2πfct .

(b) Upper-sideband SSB input xc(t) = 2 cos
2π(fc + fm)t .

(c) Lower-sideband SSB input xc(t) = 2 cos
2π(fc − fm)t .
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14.2.5 Repeat Problem 14.2.4 when fm = 1 kHz, �f =
0, and �φ = 90°.

14.2.6 (a) Consider Figure 14.2.5, in which the signal
to be sampled is x(t) = 18 cos 2π20t + 12
cos 2π60t . With fs = 100 and D = Ts/2, for
0 ≤ f ≤ 2fs , sketch the amplitude line
spectrum of xs(t).

(b) Then find the signal y(t) that would be re-
constructed by an ideal low-pass filter that
rejects all f > fs/2.

14.2.7 (a) The continuous amplitude spectrum of the
input to a switching sampler (Figure 14.2.5)
is shown in Figure P14.2.7. For 0 ≤ f ≤
100, with fs = 70 and D = Ts/4, sketch the
resulting spectrum of xs(t).

(b) Suggest how x(t) can be reconstructed from
xs(t).

14.2.8 PDM and PPM (see Figure 14.2.7) have the ad-
vantage of being immune to nonlinear distortion,
because the pulse is either on or off. However, in
exchange, the transmission bandwidth must be
B ≥ 1/D >> W , which is needed to accommo-
date pulses with duration D << Ts ≤ 1/(2W).
Let D be the pulse duration of the PPM waveform
in Figure 14.2.7. Let the maximum position shift
be ±�. For � = 2D and fs = 20 kHz, find the
maximum allowed value of D and the minimum
required transmission bandwidth.

*14.2.9 The TDM system of Figure 14.2.9 has a trans-
mission bandwidth B = 250 kHz.

(a) Find the maximum number of voice signals
with W = 4 kHz that can be multiplexed.

(b) Repeat part (a) with the additional constraint
that the TDM waveform be off for at least
50% of the time.

14.3.1 An amplifier has a gain of 50 dB, a bandwidth
of 9 MHz, and a noise temperature Ta = 25T0,
where T0 is the room temperature, 290 K. Find
the output noise power and rms voltage across a
100-� load resistor when the source temperature
T = T0.

*14.3.2 If the signal in Example 14.3.1 has a bandwidth of
600 kHz, determine Pout/Nout assuming a noise-
less amplifier. Then check to see whether it is
possible to obtain Pout/Nout ≥ 105.

14.3.3 A simple RC filter yields |H(ω)|2 = 1/[1 +
(ω/ωco)

2], whereas a more sophisticated and rel-
atively more expensive Butterworth filter gives
|H(ω)|2 = 1/[1 + (ω/ωco)

4]. Either of these
can be used to reduce the hum amplitude. Let
an information signal with significant frequency
content for f ≤ 30 Hz be contaminated by ac
hum at 120 Hz. The contaminated signal is then
applied to a low-pass filter to reduce the hum
amplitude by a factor of α. For (i) α = 0.25,
and (ii) α = 0.1, determine the required cutoff
frequency f co for (a) the RC filter, and (b) the
Butterworth filter, and suggest the filter to be used
in each case.

cos 2πfat = cos 2π800t

Ideal filter A
which rejects all

f < 800

Ideal filter B
which rejects all

f  > 1200

x(t) xb(t)

cos 2πfbt = cos 2π1200t

Figure P14.2.3

Amplitude

0

20

f
6040

Figure P14.2.7
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14.3.4 (a) The transfer function of a notch filter is given
by H(jω) = (100+ jω−ω2)/(10+ jω)2.
Sketch HdB versus ω.

(b) A notch filter centered at f0 = ω0/2π can be
formed by using a resonant circuit arranged
such that

H(jω) = jQ(ω/ω0 − ω0/ω)

1+ jQ(ω/ω0 − ω0/ω)

Investigate |H(f )| at f = 0 and f = ∞;
also at fl = f0(1− 1/(2Q), and fu= f 0(1+
1/(2Q), for Q >> 1.

(c) With ω0 = 1/
√
LC and Q = (1/R)

√
L/C,

show that a series RLC circuit can perform
as a notch filter when the output voltage is
taken across L and C.

(d) For the purpose of rejecting 1-kHz interfer-
ence, in order to get fl = 980 Hz and fu =
1020 Hz, find the values of L and C of the
series RLC circuit with R = 50 �.

(e) Now consider a tuned circuit in which R is
connected in series with a parallel combi-
nation of L and C, and the output voltage
is taken across R. With ω0 = 1/

√
LC and

Q = R
√
C/L, show that the circuit can

perform as a notch filter.

(f) For the purpose of rejecting 60-Hz interfer-
ence, in order to get fl = 58 Hz and fu = 62
Hz, find the values of L and C of the circuit
in part (e) with R = 1 k�.

14.3.5 A noisy amplifier has Nout= 600 µW when T =
T0; but Nout drops to 480 µW when the source is
immersed in liquid nitrogen at T = 80 K. Find
the amplifier’s noise temperature Ta.

14.3.6 Two noisy amplifiers (with noise temperatures
Ta1 and Ta2) having the same bandwidth are con-
nected in cascade so that the overall gain is G
= G1G2. If the input noise to the first amplifier
is N = kTB, determine the total output noise
power and the effective noise temperature Ta of
the cascade, so that Nout = Gk(T + Ta)B.

*14.3.7 In order to measure the amplifier noise tempera-
ture Ta, a thermal source at temperature T0 is con-
nected and the corresponding Nout is observed;
then the source temperature is increased to TR

when the corresponding Nout is doubled. Find Ta

in terms of TR and T0.

14.3.8 A signal (with P = 1 µW and B = 250 kHz)
contaminated by white noise at noise temperature
T = 2T0 is applied to an amplifier. Obtain the
condition on Ta such that Pout/Nout ≥ 80.8 dB.

14.3.9 The noise figure of an amplifier is given by F =
1 + Ta/T0. Express the output signal-to-noise
ratio in terms of F, input noise power N, and
input noise temperature T. See how the result is
simplified when T = T0.

14.3.10 A system for measuring the constant signal value
x has Pout/Nout = 40 dB and B = 8 Hz. In order
to obtain an accuracy of ±0.2%, how long must
the output be observed?

14.3.11 An amplifier has a noise equivalent bandwidth B
= 25 kHz and a maximum available power gain
of G= 30 dB. If its output noise power is 108kT0,
determine the effective noise temperature and the
noise figure (given by F = 1+ Ta/T0). Assume
the input noise source temperature to be T0.

*14.3.12 The overall noise figure of a cascade of K am-
plifiers with gains Gk and corresponding noise
figures Fk, 1 ≤ k ≤ K , is

F = F1 + F2 − 1

G1
+ F3 − 1

G1G2
+ . . .

+ FK − 1

G1G2 . . . GK−1

If an amplifier is designed having three identical
states, each of which has a gain of Gi = 5 and a
noise figure of Fi = 6, i = 1, 2, 3, determine
the overall noise figure of the cascade of the
three stages. Looking at the result, justify the
statement that the front end of a receiver should
have a low noise figure and a high gain. (Note
that the noise figure of an amplifier is F =
1+ Ta/T0.)

14.3.13 A radio antenna with a noise temperature of 60
K is pointed in the direction of the sky. The
antenna feeds the received signal to the preampli-
fier, which has a gain of 30 dB over a bandwidth
of 10 MHz and a noise figure (F = 1 + Ta/T0)
of 2 dB.

(a) Determine the effective noise temperature at
the input to the preamplifier.

(b) Determine the noise power at the output of
the preamplifier.



15 Communication Systems

15.1 Waves, Transmission Lines, Waveguides, and Antenna Fundamentals

15.2 Analog Communication Systems

15.3 Digital Communication Systems

15.4 Learning Objectives

15.5 Practical Application: A Case Study—Global Positioning Systems

Problems

Even though most modern communication systems have only been invented and developed during
the eighteenth and nineteenth centuries, it is difficult to imagine a world without telephones, radio,
and television. After the invention of the electric battery by Alessandro Volta in 1799, Samuel
Morse developed the electric telegraph and demonstrated it in 1837. Morse devised the variable-
length binary code, in which letters of the English alphabet are represented by a sequence of
dots and dashes (code words). In this code, more frequently occurring letters are represented by
short code words, whereas letters occurring less frequently are represented by larger code words.
Morse code (variable-length binary code), developed in 1837, became the precursor to variable-
length source coding methods. Telegraphy, the earliest form of electrical communication, was a
binary digital communication system in which the letters of the English alphabet were efficiently
encoded into corresponding variable-length code words having binary elements. In the baudout
code, developed in 1875, the binary code elements were of equal length, and each letter was
encoded into fixed-length binary code words of length 5.

With the invention of the telephone, telephony came into being and the Bell Telephone
Company was established in 1877. Transcontinental telephone transmission became operational
in 1915. Automatic switching was another important advance, and a digital switch was placed in
service in 1960. Numerous significant advances have taken place in telephone communications
over the past four decades. For example, fiber-optic cables have replaced copper wire, and
electronic switches have come into use in place of electromechanical devices.

Marconi is credited with the development of wireless telegraphy in the late 1890s, after
Maxwell’s theory of electromagnetic radiation was verified experimentally by Hertz in 1887. The
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invention of the vacuum tube was particularly instrumental in the development of radio commu-
nication systems. Amplitude modulation (AM) broadcast was initiated in 1920, while frequency
modulation (FM) broadcast was developed commercially by the end of World War II. Commercial
television broadcasting began in 1936 by the BBC (British Broadcasting Corporation), and the
FCC (Federal Communications Commission) authorized television broadcasting five years later
in the United States.

The growth in communications over the past 60 years has been phenomenal. The invention of
the transistor in 1947 and the integrated circuit and laser in 1958 have paved the way to satellite
communication systems. Most of the wire-line communication systems are being replaced by
fiber-optic cables (providing extremely high bandwidth), which makes the transmission of a wide
variety of information sources (voice, data, and video) possible. High-speed communication
networks linking computers and the greater need for personal communication services are just
the beginning of the modern telecommunications era.

Today digital communication systems are in common use, carrying the bulk of our daily
information transmission through a variety of communication media, such as wire-line telephone
channels, microwave radio, fiber-optic channels, and satellite channels. Even the current analog
AM and FM radio and television broadcasts will be replaced in the near future by digital transmis-
sion systems. High-speed integrated circuits (ICs), programmable digital signal processing chips,
microelectronic IC fabrication, and sophisticated digital modulation techniques have certainly
helped digital communications as a means of transmitting information.

In spite of the general trend toward digital transmission of analog signals, a significant amount
of analog signal transmission still takes place, especially in audio and video broadcasting. His-
torically, analog communication systems were placed first, and then came digital communication
systems.

In any communication system, the communication channel provides the connection between
the transmitter and the receiver. The physical channel (medium) may be any of the following:

• A pair of wires, which carry the electric signal

• Optical fiber, which carries the information on a modulated light beam

• An underwater ocean channel, in which the information is transmitted acoustically

• Free space, over which the information-bearing signal is radiated by using an antenna

• Data storage media, such as magnetic tape, magnetic disks, and optical disks.

The available channel bandwidth, as well as the noise and interference, limit the amount of
data that can be transmitted reliably over any communication channel.

Figure 15.0.1 illustrates the various frequency bands of the electromagnetic spectrum (radio
and optical portions) along with types of transmission media and typical applications.

Wire-line channels are used extensively by the telephone network for voice, data, and video
transmission. Twisted-pair wire lines (with a bandwidth of several hundred kHz) and coaxial
cable (with a usable bandwidth of several MHz) are basically guided electromagnetic channels.

Fiber-optic channels offer a channel bandwidth that is several orders of magnitude larger than
coaxial cable channels. The transmitter or modulator in a fiber-optic communication system is a
light source, such as a light-emitting diode (LED) or a laser, whose intensity is varied (modulated)
with the message signal. The light propagates through the fiber as a light wave and is amplified
periodically along the transmission path to compensate for signal attenuation. At the receiver
end, the light intensity is detected by a photodiode, whose output is an electric signal that varies
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Designation Transmission media Applications
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Figure 15.0.1 Frequency bands of the electromagnetic spectrum. (Source: A. Carlson,
Communication Systems, 3rd ed., McGraw-Hill, New York, 1986.)

in direct proportion to the power of light striking on the photodiode. Optical fiber channels are
replacing nearly all wire-line channels in the telephone network.

Wireless electromagnetic channels are used in wireless communication systems, in which
the electromagnetic energy is coupled to the propagation medium through an antenna that serves
as a radiator. The physical size and configuration of the antenna depend mainly on the frequency
of operation. For example, a radio station transmitting AM frequency band of 1 MHz (with
a corresponding wavelength of λ = c/fc = 300 m) requires an antenna of at least 30 m
(approximately one-tenth of the wavelength).

The mode of propagation of electromagnetic waves in free space and atmosphere may be
subdivided into three categories:
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• Ground-wave propagation

• Sky-wave propagation

• Line-of-sight (LOS) propagation.

In the frequency bands that are primarily used to provide navigational aids from shore to
ships around the world (VLF to LF to MF), the available channel bandwidths are relatively small,
and hence the information that is transmitted through these channels is relatively slow speed and
generally confined to digital transmission. Noise at these frequencies is caused by thunderstorm
activity around the globe, whereas interference is caused by the many users.

For frequencies of 0.3 to 3 MHz, in the MF band, ground-wave (or surface-wave) propagation,
illustrated in Figure 15.0.2, is the dominant mode used for AM broadcasting and maritime radio
broadcasting. Dominant disturbances include atmospheric noise, human-made noise, and thermal
noise from electronic components. The range is limited to about 100 miles for even the more
powerful radio stations.

In the ionosphere, the rarefied air becomes ionized, mainly due to ultraviolet sunlight. The
D-region, usually falling between 50 and 90 km in altitude, will reflect waves below 300 kHz or
so, and attenuate higher frequency waves (300 kHz < f < 30 MHz), especially in the daytime.
The D-region mostly disappears at night. The E-region (about 110 km in altitude) reflects high
frequencies (3 MHz < f < 30 MHz) during the daytime, and medium frequencies (300 kHz < f
< 3 MHz) at night. The F1-region (about 175 to 250 km in altitude) is distinct from the F2-region
(250 to 400 km in altitude) only during the day; at night they merge. Waves that penetrate the
E-region usually go through the F1-region as well, with some attenuation being the primary effect.
The F2-region provides the main means of long-distance, high-frequency (3 MHz < f < 30 MHz)
communication by wave reflection. Sky-wave propagation is illustrated in Figure 15.0.3.

Signal multipath occurs with electromagnetic wave propagation via sky wave in the HF
range. When the transmitted signal reaches the receiver through multiple propagation paths with
different delays, signal fading may result. Both atmospheric noise and thermal noise become the
additive noise at high frequencies. It is possible to have ionospheric scatter propagation in the
frequency range of 30 to 60 MHz, and tropospheric scattering in the range of 40 to 300 MHz; but
relatively large antennas are needed with a large amount of transmitted power, because of large
signal propagation losses.

Frequencies above 30 MHz, propagating through the ionosphere with relatively little loss,
make satellite and extraterrestrial communications possible. In the VHF band and higher, the
dominant mode is line-of-sight (LOS) propagation, in which the transmitter and receiver antennas
must be in direct LOS with relatively little or no obstruction. That is why television stations

Ground or surface
wave

Earth

Troposphere
(20 km above
earth surface)

Figure 15.0.2 Illustration of ground-wave propagation in MF
band.

Ionosphere (with D, E, F regions)

Sky waves

Earth

(50 to 600 km
above earth
surface)

Figure 15.0.3 Illustration of sky-wave propaga-
tion.
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transmitting in the VHF and UHF bands have their antennas mounted on high towers to achieve a
broad coverage area. A television antenna mounted on a tower of 1200 feet in height (= h) provides
a coverage of about d = √2h ∼= 50 miles. Microwave radio relay systems (for telephone and
video transmission at about 1 GHz) also have antennas mounted on tall towers.

In the VHF and UHF bands, thermal noise and cosmic noise, picked up by the antenna, become
predominant. Above 10 GHz in the SHF band, atmospheric conditions (such as precipitation and
heavy rains) play a major role in signal propagation. In the infrared and visible light regions of
the electromagnetic spectrum, LOS optical communication in free space is being experimented
with for satellite-to-satellite links.

A good understanding of a communication system can be achieved by studying electro-
magnetic wave propagation (via transmission lines and antennas), and modulation as well as
demodulation involved in analog and digital communication systems. Toward that end, this chapter
is divided into three sections. Since the wave concepts that apply to transmission lines are easily
understood, the first section deals with waves, transmission lines, and antenna fundamentals.
Then we go on to discuss analog and digital communication systems in Sections 15.2 and 15.3,
respectively.

15.1 WAVES, TRANSMISSION LINES, WAVEGUIDES, AND ANTENNA
FUNDAMENTALS

In basic circuit theory we neglect the effects of the finite time of transit of changes in current and
voltage and the finite distances over which these changes occur. We assume that changes occur
simultaneously at all points in the circuits. But there are situations in which we must consider the
finite time it takes for an electrical or magnetic wave to travel and the distance it will travel. It is
in these situations that one must employ traveling-wave theory. Traveling-wave concepts must
be used whenever the distance is so great or the frequency so high that it takes an appreciable
portion of a cycle for the wave to travel the distance.

For sinusoidal signals, a wavelength λ is defined as the distance that a wave travels in one
cycle or period. Since electric waves in free space travel at the velocity of light c(∼= 3×108 m/s),
the free-space wavelength is given by c/f. Table 15.1.1 shows some free-space wavelengths at
selected frequencies. If the traveling-wave technique is to be employed for distances greater than
1/10 wavelength, a distance of 3 mm at 10 GHz would require the use of this technique, whereas
the same distance at 100 MHz would not. On the other hand, a distance of 1 km is insignificant
at power-line frequencies, but not in the broadcast band.

The connection of the high-power output of a transmitter located on a building to the
transmitting antenna on a tower is often made by special conductors called transmission lines,
which guide the waves and usually consist of two or more parallel conductors, which are separated
by insulating (dielectric) materials. While transmission lines are available in many forms, Figure
15.1.1 illustrates cross sections of some common types. The two-wire line of Figure 15.1.1(a) is

TABLE 15.1.1 Free-Space Wavelengths at Selected Frequencies

Application Frequency Wavelength

Power transmission 60 Hz 5000 km
Voice 1 kHz 300 km
Broadcast band 1 MHz 300 m
FM, television 100 MHz 3 m
X-band radar 10 GHz 3 cm
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used to connect some television antennas. The coaxial cable of Figure 15.1.1(b) is the most widely
used of the many possible cable-type transmission lines. For printed-circuit and integrated-circuit
applications, transmission lines sketched in Figures 15.1.1(c) through (f) are commonly employed.

At higher frequencies, when power levels are large and attenuation in transmission lines is
significant, connections between system components are often made through waveguides, which
are usually hollow, closed, rigid conductor configurations (much like water pipes) through which
waves propagate. The most common waveguides are either rectangular or circular in cross
section, as depicted in Figure 15.1.2, but other shapes and flexible varieties are also possible.

Coaxial transmission lines commonly operate in what is called the transverse electric
magnetic (TEM) mode, in which both the electric and the magnetic fields are perpendicular
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Figure 15.1.1 Transmission lines (cross sections of some common types). (a) Two-wire line. (b) Coaxial
line (cable). (c) Parallel strip line. (d) Microstrip line. (e) Strip line. (f) Coplanar waveguide.
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Figure 15.1.2 Waveguides. (a) Rectangular. (b) Circular.
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(transverse) to the direction of propagation, which is along the axial line. That is to say, no
electromagnetic field component exists in the axial direction. In the case of single-conductor
hollow (pipelike) waveguides, either the TE (transverse electric) or the TM (transverse magnetic)
mode can be energized. In the TE configuration, the electric field is transverse to the direction of
propagation (which is along the axial line of the waveguide); that is to say, no electric field exists
in the direction of propagation, while an axial component of the magnetic field is present. On the
other hand, in the TM configuration, the magnetic field is transverse to the direction of propagation:
i.e., no magnetic field exists in the axial direction, whereas an axial component of the electric
field is present. Within either grouping, a number of configurations or modes can exist, either
separately or simultaneously. However, we are generally concerned with the so-called dominant
mode, which is defined as the lowest frequency mode that can exist in the waveguide. When
operating at a frequency above fc, known as the cutoff frequency, a wave propagates down the
waveguide and the mode is called propagation mode. When operating below the cutoff frequency,
the field decays exponentially and there is no wave propagation.

Figure 15.1.3 represents a transmission line of length l connecting a signal source to a distant
load. The line may be a two-wire line, a coaxial cable, or a hollow waveguide. The voltage v1(t)
between the source-side (input) terminals of the transmission line gives rise to an electric field,
while the current i1(t) produces a magnetic field. The characteristic impedance Z̄0 of the line is
given by

Z̄0 = V̄1

Ī1
(15.1.1)

which relates the voltage and current of the wave traveling along the line. Although Z̄0 in general
could be complex, for distortionless transmission, Z̄0 (= R0) must be constant and resistive over
the frequency range of the signal. The signal-source voltage vS(t) is related to v1(t) by

vS(t) = v1(t)+ i1(t)RS (15.1.2)

where RS is the signal-source internal resistance. From Equations (15.1.1) and (15.1.2), we get

v1(t) = R0

RS + R0
vS(t) (15.1.3)

i1(t) = 1

RS + R0
vS(t) (15.1.4)

As the electromagnetic fields associated with v1(t) and i1(t) propagate down the line, they carry
along the associated voltages and currents that are no different from v1(t) and i1(t) except for a
delay in time, because the charges (and therefore current) move down the line at finite velocity
vg. Thus, at output terminals c and d in Figure 15.1.3, which are a distance l apart, the voltage
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Load

RS = Z0

Z0

a c

b d

RL = Z0vS (t)

i1(t)

x (t) = v1(t)

Pin Pout

y (t) = v2(t)

i2(t)

Figure 15.1.3 Transmission line (with
matched impedances).
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and current are given by

v2(t) = v1(t − tl) (15.1.5)

i2(t) = i1(t − tl) (15.1.6)

where the delay time tl is

tl = l/vg (15.1.7)

On substituting Equations (15.1.3) and (15.1.4), we obtain

v2(t) = R0

RS + R0
vS

(
t − l

vg

)
(15.1.8)

i2(t) = 1

RS + R0
vS

(
t − l

vg

)
(15.1.9)

Because of the line’s behavior, the impedance at terminals c and d, which is V̄2/Ī2, is still Z̄0(= R0).
As a consequence, the line can be terminated by an impedance Z̄0(= R0) at the output terminals
with no effect on voltages and currents anywhere else on the line. This result is very significant,
because if a wave is launched on a real, finite-length transmission line, the wave will dissipate
itself in the terminating load impedance if that impedance is equal to the line’s characteristic
impedance. The load is then said to be matched to the line. In Figure 15.1.3, the source and
load resistances are shown matched so that RS = R0 = RL. Otherwise, a mismatch at the load
(RL �= R0) reflects some of the signal energy back toward the source where any mismatch (RS �=
R0) further reflects energy in the forward direction. Impedance matching on both ends eliminates
these undesired multiple reflections. Note that the value of R0 will be different for different types
of transmission lines.

EXAMPLE 15.1.1

An RG-213/U (radio guide 213/universal coaxial cable) is a small-sized, flexible, double-braided
cable with silvered-copper conductors, and a characteristic impedance of 50 �. The characteristic
impedance Z̄0(= R0) is related to the cable’s geometrical parameters by

Z̄0 = R0 = 60√
εr

ln
b

a

where εr is the relative permittivity (dielectric constant) of the dielectric, and b and a are the radii
of the outer and inner conductors, respectively. The velocity of wave propagation in a coaxial line
is vg = c/

√
εr , where c = 3× 108 m/s is the velocity of light. The cutoff frequency, given by

fc = c

π
√
εr(a + b)

Hz

puts an upper bound for wave propagation. The attenuation due to conductor losses is approxi-
mately given by

Attenuation
∣∣
c
= (1.373× 10−3)

√
ρf

Z0

(
1

a
+ 1

b

)
dB/m

where ρ is the resistivity of the conductors. Attenuation due to dielectric losses is given by

Attenuation
∣∣
d
= (9.096× 10−8)

√
εr f tan δ dB/m

where tan δ is known as the loss tangent of the dielectric.
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With a= 0.445 mm, b= 1.473 mm, εr = 2.26 for polyethylene dielectric, tan δ = 2×10−4,
and ρ = 1.63×10−8 � ·m, calculate the total line attenuation at 100 MHz, and check the value of
Z̄0(= R0) in the specification. If the cable connects an antenna to a receiver 30 m away, determine
the time delay of the cable, the velocity of wave propagation, and the cutoff frequency.

So l u t i on

Attenuation
∣∣
c
= (1.373× 10−3)

√
1.63× 10−8 × 108

50

(
1

0.445× 10−3
+ 1

1.473× 10−3

)
∼= 0.103 dB/m

Attenuation
∣∣
d
= (9.096× 10−8)

√
2.26× 108 × 2× 10−4

∼= 0.00273 dB/m

Losses due to conductors obviously dominate.

Total attenuation = 0.103+ 0.00273 ∼= 0.106 dB/m

Z̄0 = R0 = 60√
2.26

ln
1.473

0.445
∼= 50 �

Time delay = τ = l

vg
= 30

√
2.26

3× 108
∼= 0.15 µs

The velocity of wave propagation vg = c/
√
εr = c/

√
2.26 = 0.665 times the speed of light, or

vg ∼= 2× 108 m/s

Cutoff frequency fc = 3× 108

π
√

2.26(0.445+ 1.473)10−3

= 3× 1011

π
√

2.26× 1.918
∼= 33 GHz

In practice, f < 0.95fc is usually maintained.

EXAMPLE 15.1.2

Unlike transmission lines, which operate at any frequency up to a cutoff value, waveguides
have both upper and lower cutoff frequencies. For rectangular air-filled waveguides [see Figure
15.1.2(a)], the lower cutoff frequency (for propagation by the dominant mode) is given by
fc = c/2a, where c is the speed of light. Since the upper limit cannot be larger than 2fc, practical
waveguides are designed with b ∼= a/2 with a suggested frequency of 1.25fc ≤ f ≤ 1.9fc. For a
circular air-filled waveguide [see Figure 15.1.2(b)] with inside radius a, the lower cutoff frequency
(for propagation by the dominant mode) is fc = 0.293c/a. The operating band is usually fc < f
< 1.307fc. The characteristic impedance Z̄0(= R0) in waveguides is not constant with frequency,
as it is in transmission lines. For rectangular or circular air-filled waveguides, the expression for
Z̄0(= R0) is given by

Z̄0 = R0 = 377√
1− (fc/f )2
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(a) For a rectangular air-filled waveguide with a = 4.8 cm and b = 2.4 cm, compute the
cutoff frequency. If the operating frequency is 4 GHz, find the waveguide’s characteristic
impedance.

(b) Calculate the diameter of an air-filled circular waveguide that will have a lower cutoff
frequency of 10 GHz.

So l u t i on

(a) fc = c

2a
= 3× 108

2× 4.8× 10−2
= 3.125 GHz

Z̄0 = R0 = 377√
1− (3.125/4)2

= 377√
1− 0.8839

= 377

0.3407
= 1106.5 �

(b) a = 0.293c

fc
= 0.293× 3× 108

10× 109
= 0.88 cm

Diameter = 2a = 1.76 cm

Now referring to Figure 15.1.3, assuming matched and distortionless conditions, with signal
voltage x(t) across the line input, the resulting output voltage y(t) is given by

y(t) = Kx(t − td) (15.1.10)

where K is the attenuation factor (less than unity) due to ohmic heating in the line dissipating part
of the input signal energy and td is the delay time. Working with the average signal powers Pin

and Pout, the transmission loss L is defined as the power ratio

L = Pin/Pout (15.1.11)

where L = 1/K2 > 1 and Pout < Pin. Regardless of the type of transmission line, the transmission
loss increases exponentially with distance l such that

L = 10αl/10) (15.1.12)

where α is the attenuation coefficient of the line in decibels per unit length. Expressing L in dB,
similar to power gain, we obtain

LdB = 10 log
Pin

Pout
= αl (15.1.13)

Typical values of α range from 0.05 to 100 dB/km, depending on the type of transmission line
and the frequency. Rewriting Equation (15.1.13) as

Pout

Pin
= 10−LdB/10 = 10−αl/10 (15.1.14)

Equation (15.1.14) reveals that Pout will be one-tenth of Pin when l = 10/α, showing thereby
how rapidly the output power falls off as the distance increases.

The transmission loss can be overcome with the aid of one or more amplifiers connected
in cascade with the transmission line. Figure 15.1.4 shows such a system with a preamplifier
(transmitting amplifier) at the source, a receiving amplifier at the destination, and a repeater
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Figure 15.1.4 Transmission system with preamplifier, repeater, and receiving amplifier.

(an additional amplifier) at some intermediate point in the line. All amplifiers will of course be
impedance-matched for maximum power transfer. The final output power Pout in Figure 15.1.4 is
then given by

Pout

Pin
= G1G2G3

L1L2
(15.1.15)

where the Gs are the power gains of the amplifiers, and the Ls are the transmission losses of the
two parts of the line. Equation (15.1.15) reveals that we can compensate for the line loss and get
Pout≥ Pin if G1G2G3≥ L1L2. Noise considerations often call for a preamplifier to boost the signal
level before the noise becomes significant. As in the case of transcontinental telephone links,
several repeaters are generally required for long-distance transmission.

EXAMPLE 15.1.3

From a source with Pin = 2.4 mW, we want to get Pout = 60 mW at a distance l = 20 km from
the source. α for the transmission line is given to be 2.3 dB/km. The available amplifiers have
adjustable power gain, but are subject to two limitations: (i) the input signal power must be at
least 1 µW to overcome internal noise, and (ii) the output signal power must not be greater than
1 W to avoid nonlinear distortion. Design an appropriate system.

So l u t i on

αl = 2.3× 20 = 46 dB

LdB = 46 or L = 1046/10 ∼= 40,000

Hence, we need a total gain of

Gtotal = L(Pout/Pin) = 40,000× (60/2.4) = 106, or 60 dB

We cannot put all the amplification at the destination, because the signal power at the output
of the line would be Pin/L = 2.4×10−3/(40×103) = 0.06 µ W, which falls below the amplifier
noise level. Nor can we put all amplification at the source, because the amplified source power
GPin = 106 × 2.4 × 10−3 = 2.4 kW would exceed the amplifier power rating. But we could
try a preamplifier with G1 = 400, so as to get G1Pin = 400 × 2.4 × 10−3 = 0.96 W at the
input of the line, and G1Pin/L = 24 µ W at the output. The output amplifier should then have
G2 = Pout/(24 µW) = 60× 10−3/(24× 10−6) = 2500, and a repeater is not needed.

Antenna Fundamentals

We shall discuss here only the fundamental concepts needed to understand the role of an antenna as
a power-coupling element of a system. Figure 15.1.5 illustrates the elements of a communication
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system that involves antennas (with no conductors in the propagation medium) and the following
nomenclature:

Pt Power generated by the transmitter

Lt, Lr Transmitting-path loss (representing the power reduction caused by the transmission line
or waveguide that connects to the transmitting antenna) and receiving-path loss

Lta, Lra Transmitting antenna loss and receiving antenna loss

R Distance of separation between the antennas

S Signal power available at the lossless antenna output

Sr Signal power available at the receiver input

Radio transmission consists of antennas at the source and at the destination. It requires the
signal to be modulated on a high-frequency carrier, which usually is a sinusoid. Driven by an
appropriate carrier, the transmitting antenna launches an electromagnetic wave that propagates
through space without the help of a transmission line. A portion of the radiated power is collected
at the receiving antenna.

The wavelength λ of the radio wave in air is related to the carrier frequency fc by

fcλ = c = 3× 108 m/s (15.1.16)

The radio-transmission loss differs from that of a transmission line in two ways: (i) it increases as
the square of the separating distance instead of exponentially, and (ii) it can be partly compensated
by the antenna gains.

Antenna gain depends on both shape and size. Dipole antennas, commonly used at lower
radio frequencies, are made up of a rod or wire of length λ/10 to λ/2, and have an antenna-gain
range of 1.5 to 1.64 (1.8 to 2.1 dB). Horn antennas and parabolic dishes (so named after their
shapes) have much more gain at higher frequencies. A useful, although approximate, expression
for gain is given by

Transmitter
Information-bearing
signal

Transmitting
path losses

Lt

Transmitting
antenna loss

Receiving
path losses

Receiving
antenna loss

Lossless
antenna

Medium

Lta
Pt

Receiver
Information-bearing
signal Lr Lra

Sr S

R

Figure 15.1.5 Communication system elements involving antennas.
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G = 4πAe

λ2
(15.1.17)

where λ is the wavelength being transmitted (or received), and Ae is the effective aperture or
effective area of the antenna. Power amplifiers are needed to overcome the radio-transmission
loss just as in a transmission-line system. Similar considerations hold for optical radiation, in
which the electromagnetic wave takes the form of a coherent light beam.

Radio transmission is inherently a bandpass process with a limited bandwidth B nominally
centered at the carrier frequency fc. The fractional bandwidth B/fc is a key design factor with
a general range of 1/100 ≤ B/fc ≤ 1/10. It is obvious then that large signal bandwidths
require high carrier frequencies to satisfy fc ≥ 10B. You can reason why television signals
are transmitted at fc of 100 MHz, whereas AM radio signals are transmitted at fc of 1 MHz.
Since optical communication systems offer tremendous bandwidth potential on the order of 1012

Hz, and a corresponding high information rate, they have become topics of current research
interest.

Antennas do not radiate power equally in all directions in space. The radiation intensity
pattern describes the power intensity (which is power per unit solid angle, expressed in units of
watts per steradian) in any spatial direction. Conceptually it is convenient to define an isotropic
antenna as a lossless antenna that radiates its power uniformly in all directions. Although an
isotropic antenna cannot be realized in practice, it serves as a reference for comparison with real
antennas. The radiation intensity for such an antenna, with input power P, is a constant in any
direction, given by P/4π . The power gain G of a realistic antenna is a measure of the maximum
radiation intensity of the antenna as compared with the intensity that would result from an isotropic
antenna, with the same power input. G is then expressed as

G = maximum radiation intensity

radiation intensity of isotropic source (with the same power input)

= 4π (maximum radiation intensity)

P
(15.1.18)

Referring to Figure 15.1.5, when a power Pt/Lt is applied to the transmitting antenna, let us find
the signal power Sr available to the receiver from the receiving antenna. An isotropic transmitting
antenna would cause a radiation power density (power per unit area of a sphere) of

Power density = Pt

4πR2Lt

(15.1.19)

For a practical antenna that has power gain Gt and loss Lta relative to an isotropic antenna, Equation
(15.1.19) would be modified as

Power density = PtGt

4πR2LtLta
(15.1.20)

We shall assume that the transmitting and receiving antennas (reciprocal elements) point directly
toward each other, so that their gains are maximum. Letting Lch denote any losses incurred by the
wave in the channel (medium), and Are be the effective area of the receiving antenna, the power
that the receiving antenna is able to produce is given by

S = PtGtAre

4πR2LtLtaLch
(15.1.21)

Accounting for the receiving antenna loss and receiving-path losses, a total system loss L can be
defined as
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L = LtLtaLchLraLr (15.1.22)

Sr would then be given by

Sr = PtGtAre

4πR2L
(15.1.23)

Using Equation (15.1.17) with Gr representing the receiving antenna gain, Equation (15.1.23)
becomes

Sr = PtGtGrλ
2

(4π)2R2L
(15.1.24)

Quite often, for simplicity, in the case of LOS radio transmission illustrated in Figure 15.1.6,
the transmission loss for a path of length R is given by

LTR = Pin

Pout
= 1

GtGr

(
4πR

λ

)2

(15.1.25)

which justifies the statements following Equation (15.1.16).

EXAMPLE 15.1.4

Let a LOS radio system and a transmission-line system both have L = 60 dB when the distance
R between transmitter and receiver is 15 km. Compute the loss of each when the distance is
increased to 30 km.

So l u t i on

R is doubled. LdB for the transmission line is proportional to the distance, as per Equation
(15.1.13). Hence, LdB for the new transmission line = 2× 60 = 120 dB.

LTR for the LOS radio system is proportional to R2, as per Equation (15.1.25). Noting that
LdB = 10 log L and L = KR2, where K is a constant, it follows that

LdB = 20 log KR

When R is doubled,

LdB new = 20 log (K2R) = 20(log KR + log 2)

= 20 log KR + 20 log 2 = LdB old + 6

Hence, LdB for the new LOS radio system = 60 + 6 = 66 dB.

R

Pin Pout

Power gain
Gt

Power gain
Gr

Figure 15.1.6 Illustration of LOS radio trans-
mission.
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EXAMPLE 15.1.5

(a) Some antennas have a physical aperture area A that can be identified and is related to
the effective area Ae by Ae = ρaA, where ρa is known as the aperture efficiency. For a
circular-aperture antenna with a diameter of 2 m and an aperture efficiency of 0.5 at 4
GHz, calculate the power gain.

(b) Referring to Figure 15.1.5, let two such antennas be used for transmitting and receiving,
while the two stations are separated by 50 km. Let the total loss over the link be 9 dB,
while the transmitter generates 0.5 W. Find the available received power.

So l u t i on

(a) λ = c

f
= 3× 108

4× 109
= 0.075 m. From Equation (15.1.17),

G = 4πAe

λ2
= 4πρaA

λ2
= 4π × 0.5× π

0.0752
= 3509

(b) G = Gt = Gr = 3509; LdB = 10 log L, or L = 7.94. From Equation (15.1.24),

Sr = 0.5× 35092 × 0.0752

(4π)2 × 502 × 106 × 7.94
∼= 1.1× 10−8 W

The variety and number of antennas are almost endless. However, for our introductory
purposes, they may be divided into the following types:

• Wire antennas, such as half-wavelength dipole, folded half-wave dipole, and helical antenna

• Array antennas, such as YAGI-UDA array

• Aperture antennas, such as pyramidal horn, conical horn, paraboloidal antenna, and Casse-
grain antenna

• Lens-type antennas in radar and other applications.

Some of their geometries are illustrated in Figure 15.1.7.
The radiation-intensity pattern describing the power intensity in any spatial direction is

an important antenna characteristic, since the antenna does not radiate power equally in all
directions in space. Such patterns are three-dimensional in nature. One normally chooses spherical
coordinates centered on the antenna at A, and represents the power-intensity function P(θ, φ) at
any distant point R as a magnitude P from A, which appears as a surface with a large main lobe
and several side lobes (minor lobes), as shown in Figure 15.1.8.

Generally speaking, in most of the communication systems the transmitting and receiving
antennas (reciprocal elements) face each other directly such that their large main lobes point
toward each other, and the received-power output will be maximum. When scaled such that
the maximum intensity is unity, the radiation-intensity pattern is commonly called the radiation
pattern. In many problems in practice, the radiation pattern occurs with one dominant main
lobe, and as such, instead of considering the full three-dimensional picture, the behavior may
adequately and conveniently be described in two orthogonal planes containing the maximum of
the main lobe. These are known as principal-plane patterns in terms of angles θ and φ. Figure
15.1.9 illustrates one such pattern in polar and linear angle plots as a function of θ . The angular
separation between points on the radiation pattern that are 3 dB down from the maximum is called
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Figure 15.1.7 (a) Half-wave dipole. (b) Folded half-wave dipole. (c) Helical-beam antenna. (d) YAGI-UDA
array antenna. (e) Pyramidal horn. (f) Conical horn. (g) Paraboloidal antenna. (h) Cassegrain antenna (section).

the beamwidth, which is designated as θB or φB in the principal-plane patterns. Another useful,
although approximate, expression for gain in terms of the beamwidths θB and φB of the pattern’s
main lobe is given by

G = 4π

θBφB

(15.1.26)

when beamwidths are expressed in radians, or

G = 41.3× 103

θBφB

(15.1.27)

when beamwidths are expressed in degrees.
The antenna impedance, looking into the feed-point terminals of an antenna, will in general

have both resistive and reactive components. The antenna resistance is the combination of the
radiation resistance (accounting for the power radiated by the antenna) and the loss resistance
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Figure 15.1.8 (a) Spherical coordinates centered on the antenna at A. (b) Typical radiation-intensity pattern
with main and side lobes (with all possible values of θ and φ considered).

(accounting for the power dissipated in the antenna itself as losses). Ideally, the antenna resistance
should be equal (matched) to the characteristic impedance of the feeding line or guide to prevent
reflected power, and the antenna reactance should be zero.

Most antennas transmit only one polarization of electromagnetic wave. That is to say, the
electric field of the propagating wave is oriented with respect to the antenna in only one direction.
The main lobe in most antennas is directed normal to the plane of the aperture. For phased-array
antennas, however, the main lobe is electronically steered to other angles away from the so-called
broadside. Figure 15.1.10 illustrates vertical, horizontal, and arbitrarily linear polarizations of
the electric field. In Figure 15.1.10(a), with the electric field lying in the vertical plane, the
radiation is said to be vertically polarized. With the electric field being in the horizontal plane,
as in Figure 15.1.10(b), the radiation is said to be horizontally polarized. Since both vertical and
horizontal polarizations are simply special cases of linear polarization, the electric field, having
both horizontal and vertical components (that are in time phase), can still be in a plane, as shown
in Figure 15.1.10(c).

Some systems transmit simultaneously two linear orthogonal polarizations that are not in
time phase. Elliptical polarization results when the two linear components have arbitrary relative
amplitudes and arbitrary time phase. Circular polarization (probably the most useful type) is a
special case in which the horizontal and vertical electric fields are 90° out of time phase and have
equal magnitude. Left-hand circular polarization results when the horizontal radiation component
lags the vertical one by 90° and the resultant field appears to rotate counterclockwise in the xy-
plane with time, as one located at the antenna views the wave leaving the antenna. If the horizontal
component leads the vertical one by 90°, right-hand circular polarization is said to take place.

Referring to Figure 15.1.7, the half-wave dipole is a relatively narrow-band antenna with
its radiated wave linearly polarized. The dipole can be driven by a transmission line of 75-�
characteristic impedance. The folded half-wave dipole (a variation of the half-wave dipole) is
used in television, broadcast FM, and other applications. This antenna is well suited for use with
300-� television cable. The helical antenna of Figure 15.1.7(c) yields a pencil-beam pattern in
the axis of the helix with circular wave polarization.

The YAGI-UDA array of Figure 15.1.7(d) is commonly used for television reception. It is
usually seen with 3 to 12 elements, although even 40 elements are sometimes employed. Design
frequencies from 100 to 1000 MHz are typical. A half-wave or folded half-wave dipole is the
active element. The array consists of parallel dipoles, all lying in the same plane. The reflector,
which reflects waves back toward the active element, enhances radiation in the axis of the array
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(+z-direction). The radiation pattern, with linear polarization, exhibits a principal lobe in the
+z-direction. The other elements, called directors, are designed to enhance radiation in the +z
direction. Gain increases with the number of elements and is often in the range of 10 to 20 dB.
The bandwidth is usually small.

Both conical-horn and pyramidal-horn (aperture-type) antennas are mainly used as illumi-
nators for large-aperture paraboloidal antennas, which are capable of generating very narrow
beamwidth patterns (with even less than 1° in angle-tracking radars). When a parabola is rotated
about the z-axis [see Figure 15.1.17(g)], a surface of revolution known as a paraboloid results.
With the source at the focus called the feed, the radiation pattern is mainly a dominant lobe in
the z-direction with smaller side lobes. Paraboloidal antennas have found wide use as antennas
for radar and communications. The Cassegrain antenna [shown in section in Figure 15.1.17(h)]
is a variation of the paraboloid that gives improved system performance. The feed in this case
is moved to the rear of the antenna, and it illuminates a conducting surface (subreflector in the
shape of a hyperboloid) placed near the focus.

Noise in receiving systems exists in two broad categories: (i) that originated external to the
system (i.e., the one generated by the antenna in response to random waves from cosmic sources
and atmospheric effects), and (ii) internally generated noise (i.e., the one generated within all
circuits making up the receiver, including transmission lines and amplifiers). It is common to
model internal noise as having been generated by an external source.

Figure 15.1.11(a) shows a typical receiving system with noise. The antenna is a source of noise
with effective noise temperature Ta, known as the antenna temperature. Whatever receiving path
components (such as transmission lines, waveguides, and filters) are present prior to the receiver’s
amplifier, their noise effect is represented by a noisy loss Lr (≥ 1) between points A and B, while
the loss is assumed to have a physical temperature TL. The noisy receiver is supposed to operate at
a nominal center frequency f 0, and have available power gain Ga(f ) as a function of the frequency,
with Ga(f 0) as center-frequency power gain. Nao represents the total available output noise power
in Figure 15.1.11(a).

Figure 15.1.11(b) shows the noise-free model in a small frequency band df. Here k is the
Boltzmann constant (see Section 14.3), and TR(f ) is the effective input noise temperature (to the
noise-free receiver).

Figure 15.1.11(c) gives the noise-free model with noise bandwidth BN (a rectangular passband
of width BN in hertz centered on f 0). The actual receiver is replaced by an idealized one with the
same nominal power gain Ga(f 0) and a constant (average) effective input noise temperature T̄R ,
which is related to the average standard noise figure F0;

T̄R = 290(F0 − 1) (15.1.28)



684 COMMUNICATION SYSTEMS

(a) (b) (c)

x
y

z

x
y

z

x
y

z

E
−

E
−

E
−

Figure 15.1.10 Polarizations of the electric field. (a) Vertical polarization.
(b) Horizontal polarization. (c) General linear polarization.

Noisy loss Lr

Antenna with antenna temperature Ta

Physical temperature TL

Nao

A

Available noise power kTsysBN

B Noisy
receiver

Available power gain Ga( f )

Center-frequency power gain Ga( f0)

Noise-free
 loss Lr

(a)

TL

dNao

A B Noise-free
receiver

Ga( f )
kTR dfkTL( Lr − 1) df

(b)

(c)

Lr

Ga( f0)

A
Noise-free

loss and receiver

Available power gain Ga( f0)/Lr

Noise bandwidth BN

Nao = kTsysBN

Figure 15.1.11 (a) Receiving
system with noise. (b) Noise-
free model in a small frequency
band df. (c) Noise-free model
with noise bandwidth BN.

Note that both F0 and T̄R are measures of the noisiness of an amplifier. The noise figure F0 is
usually available, whereas the temperature T̄R may not be given. In an ideal noise-free unit,F0 = 1
and T̄R = 0.

The system noise temperature Tsys, which is the equivalent noise temperature of the antenna,
can now be introduced such that

Tsys = Ta + TL(Lr − 1)+ T̄RLr (15.1.29)

and all available output noise power is emanating from the antenna, as illustrated in Figure
15.1.11(c). Now the available system noise power becomes kTsysBN at point A; the noise-free
receiver has available power gain Ga(f0)/Lr with noise bandwidth BN; and the output noise
power is given by
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Nao = kTsysBNGa(f0)

Lr

(15.1.30)

The signal-to-noise power ratio at the system output is an excellent measure of performance
for many communication systems. The available signal power at point A in Figure 15.1.11(a) is
given by

SA = PtGtGrλ
2

(4π)2R2LtLtaLchLra
(15.1.31)

based on Equation (15.1.24). The available noise power at point A is given by

NaA = kTsysBN (15.1.32)

Thus, the system performance with noise is measured by the signal-to-noise power ratio,(
S

N

)
A

= PtGtGrλ
2

(4π)2R2LtLtaLchLrakTsysBN

(15.1.33)

15.2 ANALOG COMMUNICATION SYSTEMS

An analog message is a continuum of possible amplitudes at any given time, and analog signals
are continuous in time and in amplitude, such as audio and video signals. When the message to
be sent over a communication system is analog, we refer to the system as analog. The transmitted
waveform must be some function of the message so that the receiver could decipher the message.
Usually the transmitted waveform is the result of varying either the amplitude, phase, or frequency
of a basic signal called a carrier. Combinations of amplitude, phase, and frequency variations are
also possible.

The carrier usually is sinusoidal of the formAc cos (ωct+φc), whereAc, φc, and fc = ωc/2π
are the carrier’s amplitude, phase, and frequency, respectively. When A is varied as a linear function
of the message, amplitude modulation (AM) occurs. In phase modulation (PM) a phase term that
is a linear function of the message is added to the carrier. When the added phase is a linear function
of the integral of the message, the result is known as frequency modulation (FM). Note that the
carrier’s frequency in FM is a linear function of the message, because instantaneous angular
frequency is the time derivative of instantaneous phase. Thus, FM and PM are closely related.

Every communication system has a modulator at the transmitting station to structure the
transmitted waveform, and a demodulator (detector) at the receiving end to recover the message
from the received signal. Radio (AM and FM) and television broadcasting are the most familiar
forms of communication through analog signal transmission. The FCC in the United States
regulates the carrier-frequency assignments in order to minimize the interference between nearby
stations. Commercial AM radio broadcasting utilizes the frequency band of 535 to 1605 kHz for
the transmission of voice and music. The carrier-frequency allocations range from 540 kHz to
1600 kHz, with 10-kHz spacing. Each station can occupy a channel bandwidth of only 10 kHz
centered on its carrier. Even though the baseband message signal is limited to a bandwidth of about
5 kHz, the AM broadcasting system adequately meets the need for low-cost mass communication
and general audio entertainment, in spite of lacking high-fidelity behavior.

Commercial FM radio broadcasting utilizes the frequency band of 88 to 108 MHz for the
transmission of music and voice signals. The carrier frequencies are separated by 200 kHz, and the
peak frequency deviation is fixed at 75 kHz. Each station (out of the possible 100) broadcasts in
a channel bandwidth of 200 kHz centered on the carrier. The FM system is capable of presenting
higher quality audio to the user than AM because of the larger audio band allowed from 50 Hz to
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15 kHz. Distortion at most stations is below 1%. Besides broadcast applications, FM is also used
in satellite links, aircraft altimetry, radars, amateur radio, and various two-way radio applications.
Because of the larger bandwidth (up to 20 times more than in AM), an FM system has more
freedom from interference and better performance in noise than any AM station.

Commercial television broadcasting is allocated frequencies that fall in the VHF and UHF
bands. Table 15.2.1 lists the television channel allocations in the United States, with the channel
bandwidth of 6 MHz. In contrast to radio broadcasting, television signal-transmission standards
vary from country to country. The U.S. standard is set by the National Television Systems Com-
mittee (NTSC). Commercial television broadcasting began as black-and-white (monochrome)
picture transmission in London in 1936 by the British Broadcasting Corporation (BBC). Although
color television was demonstrated a few years later, due to the high cost of color television
receivers, color television signal transmission was slow in its development. With the advent of
the transistor and microelectronic components, the cost of color television receivers decreased
significantly, and by the middle 1960s, color television broadcasting was widely used by the
industry. The NTSC color system is compatible with monochrome receivers, so that the older
monochrome receivers still function receiving black-and-white images out of the transmitted
color signal.

Amplitude Modulation (AM)

In AM the message signal is impressed on the amplitude of the carrier signal. There are several
different ways of amplitude modulating the carrier signal by the message signal, each of which
results in different spectral characteristics for the transmitted signal. Four methods are:

• Conventional (standard) double-sideband AM

• Double-sideband suppressed-carrier AM

• Single-sideband AM

• Vestigial-sideband AM.

AM, as its name implies, carries the modulating signal x(t) in a time-varying amplitude of
the form

a(t) = Ac[1+mAx(t)] (15.2.1)

where the constant Ac stands for the unmodulated carrier amplitude, and mA is the modulation
index. The resulting modulated wave is

xc(t) = a(t) cos(2πfct + φc)

= Ac cos(2πfct + φc)+ AcmAx(t) cos(2πfct + φc) (15.2.2)

TABLE 15.2.1 VHF and UHF Allocations for
Commercial TV in the United States

Frequency Band
Channel (6-MHz bandwidth/station)

VHF 2–4 54–72 MHz
VHF 5–6 76–88 MHz
VHF 7–13 174–216 MHz
UHF 14–69 470–896 MHz
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whereas the sinusoidal carrier waveform is given by

c(t) = Ac cos(ωct + φc) = Ac cos(2πfct + φc)

Sometimes the standard AM signal is expressed in the form of

xc(t) = sAM(t) = [Ac + f (t)] cos(ωct + φc) (15.2.3)

in which the total amplitude of the carrier [Ac + f (t)] is a linear function of the message. Figure
15.2.1 illustrates the AM waveforms.

If the maximum amplitude of f (t) in Equation (15.2.3) exceeds Ac, overmodulation is said
to occur. In order to prevent excessive distortion in the receiver, overmodulation is avoided in
standard AM by requiring

|f (t)|max ≤ Ac (15.2.4)

such that the envelope of sAM(t) or xc(t) will never go negative and may at most become zero.
The spectral behavior is depicted in Figure 15.2.2, assuming φ0 = 0 for simplicity. The spectral
impulses are due to the carrier and will always be present, even if the message were to disappear.
The effect of AM is to shift half-amplitude replicas of the signal spectrum out to angular
frequencies ωc and −ωc. The band of frequencies above ωc or below −ωc is called the upper
sideband (USB). The one on the opposing side is known as the lower sideband (LSB). Since AM
transmits both USB and LSB, it is known as double-sideband modulation. If the maximum circular
(radian) frequency extent of f (t) is Wf rad/s, the frequency extent of the standard AM waveform
is 2Wf. Thus, the low-pass signal is translated in frequency to the passband of the channel so that
the spectrum of the transmitted bandpass signal will match the passband characteristics of the
channel.

There are several different methods for generating amplitude-modulated signals. Since the
process of modulation involves the generation of new frequency components, modulators are
generally characterized as nonlinear and/or time-variant systems, because a linear or a time-
invariant system cannot create new frequencies other than those contained in its input signal.
Figure 15.2.3 shows a block diagram of power-law modulation that is nonlinear. Let the voltage
input to such a device be the sum of the message signal and the carrier, as illustrated in
Figure 15.2.3. The nonlinear device (that has an input–output characteristic of the form of
a square law) will generate a product of the message x(t) with the carrier, plus additional
terms. The desired modulated signal can be filtered out by passing the output of the nonlinear
device through a bandpass filter. The signal generated by this method is a conventional DSB
AM signal.

t

x (t)

xc(t) Envelope |A(t)|

(a)

(b)

−Ac

Ac
t

Figure 15.2.1 AM waveforms. (a) Information (message or
modulating) signal. (b) Modulated wave (corresponding stan-
dard AM signal).
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Figure 15.2.3 Block diagram of power-law modulation.

Let sAM(t) of Equation (15.2.3) be a voltage representing the wave that excites the transmitting
station’s antenna, which is assumed to represent a resistive impedance R0 to the transmitter that
feeds it. The power in sAM(t) is found by

PAM = s2
AM(t)

R0
= Pc + Pf = 1

2R0

[
A2

c + f 2(t)
]

(15.2.5)

in which the overbar represents the time average, and f (t) is assumed to have no dc component,
as is the usual case. Pc = A2

c/2R0 is the power in the carrier, and Pf = f 2(t)/2R0 is the added
power caused by modulation. Pf is called the useful power, since only this power caused by the
message contributes toward message quality. Pc, the carrier power, is not useful power in the
sense that it carries no information. However, it is important to the receiver’s ability to recover
the message with low-cost circuitry. Modulation efficiency ηAM of the transmitted signal is defined
as the ratio of the useful power to the total power,

ηAM = Pf

Pc + Pf
= f 2(t)

A2
c + f 2(t)

(15.2.6)

When f (t) is a square wave of peak amplitude Ac, the largest possible value of ηAM equal to 0.5,
or 50%, occurs. When f (t) is a sinusoid, ηAM ≤ 1/3, as shown in Example 15.2.1. For practical
audio (voice and music) messages, efficiency could be less than 1/3.
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EXAMPLE 15.2.1

Let f (t) be a sinusoid given by f (t) = Am cos ωmt with period Tm = 2π/ωm. Apply Equation
(15.2.6) and obtain the value of ηAM.

So l u t i on

f 2(t) = 1

Tm

∫ Tm/2

−Tm/2
A2

m cos2(ωmt) dt

= A2
m

8π

∫ 2π

−2π
(1+ cos x) dx = A2

m

2

ηAM = A2
m

2A2
c + A2

m

= (Am/Ac)
2

2+ (Am/Ac)2

For no overmodulation, Am ≤ Ac, so that ηAM ≤ 1/3.

Suppressed-carrier AM, also known as double-sideband suppressed-carrier (DSB SC AM),
results when the carrier term Ac in Equation (15.2.3) is eliminated. The DSB waveform is then
given by

sDSB(t) = f (t) cos(ωct + φc) (15.2.7)

Figure 15.2.4(a) depicts the waveforms of the message signal and its amplitude spectrum; Figure
15.2.4(b) shows the DSB waveform sDSB(t), and Figure 15.2.4(c) displays the amplitude spectrum
of sDSB(t). From Equation (15.2.6) with Ac = 0, the efficiency of DSB SC AM comes out as 1.0,
or 100%. While the power efficiency is increased, there will be added complexity, especially in
the demodulator.
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USB
ω

ωc−ωc

LSBLSB

0

USB

t

t

ω
0 0

Message signal

Phase reversal when f (t) changes sign
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Amplitude spectrum
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Figure 15.2.4 (a) Message signal and its
amplitude spectrum. (b) DSB SC sig-
nal sDSB(t) corresponding to the message.
(c) Corresponding SC AM signal spectrum.
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A relatively simple method to generate a DSB SC AM signal is by employing two (identical)
conventional AM modulators, such as two square-law AM modulators, arranged in the config-
uration of Figure 15.2.5, which is known as a balanced modulator. φc = 0 is assumed here for
simplicity.

Single-sideband (SSB) AM is obtained by filtering one sideband of the DSB signal. As pointed
out earlier, a DSB SC AM signal required a channel bandwidth of 2W for transmission, where
W is the bandwidth of the baseband signal. However, the two sidebands are redundant. The
transmission of either sideband is sufficient to reconstruct the message signal at the receiver.
Thus, the bandwidth of the transmitted signal is reduced to that of the baseband signal. Figure
15.2.6 illustrates the generation of an SSB AM signal by filtering one of the sidebands (either
USB or LSB) of a DSB SC AM signal. SSB is popular with amateur radio operators because of
its high efficiency (ηSSB = 1) and bandwidth savings.

Vestigial-sideband (VSB) AM is a variation of SSB where a small portion (or vestige) of
the filtered sideband is allowed to remain. The stringent frequency-response requirements on the
sideband filter in an SSB AM system can be relaxed by allowing a part, known as a vestige, of
the unwanted sideband to appear at the output of the modulator. Thus, the design of the sideband
filter is simplified at the cost of a modest increase in the channel bandwidth required to transmit
the signal. Figure 15.2.7 illustrates the generation of a VSB AM signal. VSB is mainly used in the

Ac cos 2π fc t
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Ac [1 − x (t)] cos 2π fc t

2Ac x (t) cos 2π fc t
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−

Figure 15.2.5 Block diagram of
a balanced modulator.
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Figure 15.2.6 Generation of a SSB AM signal by filtering one of the sidebands of a
DSB SC AM signal.
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television broadcast system. The generation of VSB is similar to the generation of SSB, except
that the sideband-removal filter has a slightly different transfer function.

Message Demodulation

The major advantage of the conventional (standard) DSB AM signal transmission is the ease with
which the signal can be demodulated. The message signal is received by passing the rectified signal
through a low-pass filter whose bandwidth matches that of the message signal. The combination of
the rectifier and the low-pass filter is known as an envelope detector, which is almost universally
used. A standard AM envelope detector consisting of a diode and an RC circuit (which is basically
a simple low-pass filter) and its response are shown in Figure 15.2.8.

During the positive half-cycle of the input signal, the diode is conducting and the capacitor
charges up to the peak value of the input signal. When the input falls below the voltage on the
capacitor, the diode becomes reverse-biased and the input becomes disconnected from the output.
During this period, the capacitor discharges slowly through the load resistor R. On the next cycle
of the carrier, the diode conducts again when the input signal exceeds the voltage across the
capacitor. The capacitor charges up again to the peak value of the input signal, and the process is
continued. The time constant RC must be selected to follow the variations in the envelope of the
carrier-modulated signal. Generally, it is so chosen that

Ac cos 2π fc t

Sideband
filter
H(ω)

x (t)

Message
signal

Balanced
modulator

VSB AM signal×

Figure 15.2.7 Generation of a VSB AM
signal.

Voltage proportional to sAM(t)
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Figure 15.2.8 Envelope detection of conventional (standard) AM signal.
(a) Standard AM envelope detector. (b) Its response.
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1

fc
<< RC <<

1

W
(15.2.8)

The simplicity of the demodulator has made conventional DSB AM a practical choice for AM
radio broadcasting. A relatively inexpensive demodulator is very important in view of the several
billions of radio receivers. With only a few broadcast transmitters and numerous receivers, the
power inefficiency of conventional AM is justified. Thus, it is cost-effective to construct powerful
transmitters and sacrifice power efficiency in order to have simpler signal demodulation at the
receivers.

Demodulation of DSB SC AM signals requires a synchronous demodulator, which is also
known as coherent or synchronous detector. That is, the demodulator must use a coherent phase
reference. This is usually generated by means of a phase-locked loop (PLL), which forces the
phase of the voltage-controlled oscillator to follow the phase of the reference signal, to demodulate
the received signal. The need for such a device is a chief disadvantage of the DSB SC scheme.

Figure 15.2.9 shows the general configuration. A PLL is utilized to generate a phase-coherent
carrier signal that is mixed with the received signal in a balanced modulator. The output of the
balanced modulator is fed into a low-pass filter of bandwidth W, which passes the desired signal
and rejects all signal (and noise) components above W Hz.

Demodulation of SSB signals also requires the use of a phase-coherent reference. Figure
15.2.10 shows the general configuration to demodulate the SSB signal. A small carrier component,
which is transmitted along with the message, is inserted. A balanced modulator is used for
frequency conversion of the bandpass signal to low pass or baseband.

Demodulation of VSB signals generally uses a synchronous detector in the configuration of
Figure 15.2.10. In VSB, a carrier component is generally transmitted along with the message
sidebands. The existence of the carrier component makes it possible to extract a phase-coherent
reference for demodulation in a balanced modulator. In some applications, such as television
broadcasting, however, a large carrier component is transmitted along with the message in the
VSB signal, and in such a case it is possible to recover the message by passing the received signal
through an envelope detector.
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Figure 15.2.9 Demodulator for
the DSB SC AM signal.
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Figure 15.2.10 Demodulation of
SSB AM signal with a carrier
component.



15.2 ANALOG COMMUNICATION SYSTEMS 693

From the noise performance point of view, all the AM systems yield the same performance
for the same messages and transmitted powers. Note, however, that the bandwidth of the DSB
system is twice that of the SSB or VSB systems, so its input noise power is twice as large.

Frequency Modulation

So far we have considered AM of the carrier as a means for transmitting the message signal.
AM methods are also known as linear modulation methods, although conventional AM is not
linear in the strict sense. Other classes of modulation methods are frequency modulation (FM)
and phase modulation (PM). In FM systems the frequency of the carrier fc is changed by the
message signal, and in PM systems the phase of the carrier is changed according to the variations
of the message signal. FM and PM, which are quite nonlinear, are referred to as angle-modulation
methods. Angle modulation is more complex to implement and much more difficult to analyze
because of its inherent nonlinearity. FM and PM systems generally expand the bandwidth such
that the effective bandwidth of the modulated signal is usually many times the bandwidth of the
message signal. The major benefit of these systems is their high degree of noise immunity. Trading
off bandwidth for high-noise immunity, the FM systems are widely used in high-fidelity music
broadcasting and point-to-point communication systems where the transmitter power is rather
limited.

A sinusoid is said to be frequency-modulated if its instantaneous angular frequency ωFM(t)

is a linear function of the message,

ωFM(t) = ωc + kFMf (t) (15.2.9)

where kFM is a constant with units of radians per second per volt when f (t) is a message-signal
voltage, and ωc is the carrier’s nominal angular frequency. Instantaneous phase being the integral
of instantaneous angular frequency, the FM signal can be expressed as

SFM(t) = Ac cos

[
ωct + φc + kFM

∫
f (t) dt

]
(15.2.10)

where Ac is a constant amplitude and φc is an arbitrary constant phase angle. The maximum
amount of deviation that ωFM(t) of Equation (15.2.9) can have from its nominal value is known
as peak frequency deviation, given by

�ω = kFM |f (t)|max (15.2.11)

Because FM involves more than just direct frequency translation, spectral analysis and bandwidth
calculations are difficult in general, except for a few message forms. However, practical experience
indicates that the following relations hold for the FM transmission bandwidth:

WFM
∼= 2(�ω +Wf ) (15.2.12)

known as Carson’s rule for narrow-band FM with �ω < Wf or

WFM
∼= 2(�ω + 2Wf ) (15.2.13)

for wide-band FM with �ω >> Wf , where Wf is the spectral extent of f (t); i.e., the message
signal has a low-pass bandwidth Wf. For example, commercial FM broadcasting utilizes Wf =
2π(15× 103) rad/s (corresponding to 15 kHz) and �ω = 5Wf such that ωFM = 14Wf . Because
the performance of narrow-band FM with noise is roughly equivalent to that of AM systems, only
wide-band FM that exhibits a marked improvement will be considered here.

Figure 15.2.11 illustrates the close relationship between FM and PM. Phase modulating
the integral of a message is equivalent to the frequency modulation of the original message,
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Figure 15.2.11 Close relationship between FM and PM.

and frequency modulating the derivative of a message is equivalent to phase modulation of the
message itself.

Generation of wide-band FM can be done by various means. However, only the most common
and conceptually the simplest one, known as the direct method, is considered here. It employs
a voltage-controlled oscillator (VCO) as a modulator. A VCO is an oscillator whose oscillation
frequency is equal to the resonant frequency of a tuned circuit, as shown in Figure 15.2.12. The
frequency can be varied if either the inductance or the capacitance is made voltage-sensitive to
the message signal f (t).

One approach to obtaining a voltage-variable reactance is through a varactor diode, whose
capacitance changes with the applied voltage, such as the junction capacitance of a reverse-
biased diode, which depends on the amount of bias. Figure 15.2.13 illustrates the varactor-diode
implementation of an angle modulator. The frequency of the tuned circuit and the oscillator will
change in accordance with the message signal f (t). Varactor-controlled VCOs can have a nearly
linear frequency–voltage characteristic, but often yield only small frequency deviations, i.e., small
�ω. Since any VCO is inherently unstable as its frequency is varied to produce FM, it becomes
necessary in many applications to stabilize the carrier’s frequency.

Demodulators for FM

Figure 15.2.14 shows a block diagram of a general FM demodulator, which is implemented by
generating an AM signal whose amplitude is proportional to the instantaneous frequency of the
FM signal, and then using an AM demodulator to recover the message signal. Transforming
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−

Figure 15.2.13 Varactor-diode implementation of an angle
modulator.
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the FM signal into an AM signal can be achieved by passing the FM signal through an LTI
system whose frequency response is nearly a straight line in the frequency band of the FM
signal.

FM demodulators mainly fall into two categories: frequency discriminators and locked-loop
demodulators. While both give the same performance for relatively high signal levels, locked-
loop demodulators provide better performance than the discriminator when signal levels are
low and noise is a problem. The discriminator produces an output voltage proportional to the
frequency variations that occur in the FM signal at its input. Locked-loop demodulators are more
cost-efficient when implemented in IC form.

A balanced discriminator with the corresponding frequency characteristics is depicted in
Figure 15.2.15. The rising half of the frequency characteristic of a tuned circuit, shown in Figure
15.2.15(b), may not have a wide enough linear region. In order to obtain a linear characteristic
over a wider range of frequencies [see Figure 15.2.15(d)], usually two circuits tuned at two
frequencies f 1 and f 2 [with the frequency response shown in Figure 15.2.15(c)] are used in a
balanced discriminator [Figure 15.2.15(a)].

Figure 15.2.16 shows a block diagram of an FM demodulator with feedback (FMFB), in
which the FM discrimination is placed in a feedback system that uses a VCO path for feedback.
The bandwidth of the discriminator and the subsequent low-pass filter is matched with that of the
message signal, which is the output of the low-pass filter.

An alternative to the FMFB demodulator is the use of a PLL, as shown in Figure 15.2.17,
in which the phase of the VCO’s output signal is forced to follow (or lock to) the phase of
the input FM waveform with small error. Since the VCO acts as an integrator, and phase
is the integral of frequency, the amplified error voltage appearing at the VCO input will be
proportional to the message signal f (t). The filter is selected with a closed-loop bandwidth that
is wide enough to yield demodulation with minor distortion of f (t), and narrow enough to reject
noise.

The signal and noise components, particularly at low SNRs, are so intermingled that one
may not be able to distinguish the signal from the noise. In such a case, a mutilation or threshold
effect is said to be present. There exists a specific SNR at the input of the demodulator known as
the threshold SNR, beyond which signal mutilation occurs. The threshold effect then places an
upper limit on the tradeoff between bandwidth and power in an FM system. Since the thresholds
for locked loops are lower than for the discriminator, loop-type receivers, operating at smaller
signal-power levels, find wide application in space communications where transmitter power is
at a premium.

At the output of the discriminator in an FM receiver, higher frequency components of output
noise power are accentuated. A low-pass filter, known as a deemphasis filter, is added so that
the large-amplitude noise can be greatly reduced and the output SNR increased. Since the filter
also acts on the message, causing distortion, the message at the transmitter is passed through
a compensating filter, called a preemphasis filter, before modulation occurs. It accentuates the
higher frequencies in the message so as to exactly compensate for the effect of the deemphasis
filter, so that there is no overall effect on the message (see also Section 14.3). The scheme is
illustrated in Figure 15.2.18.
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AM signal Figure 15.2.14 Block diagram of a general FM
demodulator.
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Figure 15.2.18 Schematic block diagram of an FM system with emphasis filters.

EXAMPLE 15.2.2

A common deemphasis filter used in FM broadcast has a transfer function

Hd(ω) = 1

1+ j (ω/W1)

where W1/2π = 2.12 kHz. For perfect message recovery, the preemphasis filter must have a
transfer function

Hp(ω) = 1

Hd(ω)
= 1+ j

(
ω

W1

)
over all important frequencies (out to about 15–20 kHz). The system performance improvement
with these filters for voice-type messages is given by

RFM = SNR with emphasis

SNR with no emphasis
= (Wf /W1)

3

3
[
(Wf /W1)− tan−1(Wf /W1)

]
where Wf is the spectral extent of f (t). However, for broader band messages, such as music audio,
since the channel bandwidth in FM broadcast is limited to 200 kHz, a reduction in the improvement
factor occurs, when it can be shown that

RFM with bandwidth limitation

RFM with no bandwidth limitation
= 1

1+ (Wrms/Wf )2(Wf /W1)2
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where W rms is the rms bandwidth of f (t). Given W1/2π = 2.12 kHz, Wf /2π = 15 kHz, and
Wrms/2π = 4.25 kHz, determine RFM with and without bandwidth constraints.

So l u t i on

RFM
(with no bandwidth constraint)

= (15/2.12)3

3
[
(15/2.12)− tan−1(15/2.12)

] ∼= 20.92, or 13.2 dB

RFM
(with bandwidth limitation)

= 20.92

1+ (4.25/15)2(15/2.12)2
∼= 4.17, or 6.2 dB

Thus, the bandwidth constraint has resulted in a loss in emphasis improvement of 13.2 − 6.2 =
7 dB.

FM Stereo

Figure 15.2.19 shows the block diagram of an FM stereo transmitter and an FM stereo receiver.
The following notation is used:

• fL(t), fR(t): Left and right messages that undergo preemphasis and are then added to yield
f 1(t) and differenced to give fd(t).

• f 2(t): Given by signal fd(t) when it DSB-modulates (with carrier suppressed) a 38-kHz
subcarrier.

• f 3(t): A low-level pilot carrier at 19 kHz that is included to aid in the receiver’s demodulation
process.

• fs(t): Final composite message when f 1(t), f 2(t), f 3(t), and SCA (subsidiary communications
authorization) are all added up.

• SCA: A narrow-band FM waveform on a 67-kHz subcarrier with a total bandwidth of
16 kHz. It is a special signal available to fee-paying customers who may desire to have
background music free of commercials or nonaudio purposes such as paging.

• NBPF: Narrow-band band-pass filter.

• LPF, BPF, and NBPF: Appropriate filters that select the spectrum portions corresponding
to f 1(t), f 2(t), and f 3(t), respectively.

The output signal-to-noise power ratio is smaller in FM stereo than in a monaural system
with the same transmitted power, messages, and other parameters. With a loss as high as 22 dB,
many FM stations can tolerate the loss because of the high power being transmitted.

Comparison of Analog-Modulation Systems

The comparison of analog modulation systems (conventional AM, DSB SC, SSB SC, VSB, FM,
and PM) can be based on three practical criteria:

1. Bandwidth efficiency of the system.

2. Power efficiency of the system, as reflected in its performance in the presence of noise.
The output SNR at a given received signal power is used as a criterion for comparing the
power efficiencies of various systems.

3. Ease of implementation of the system (transmitter and receiver).
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Figure 15.2.19 (a) FM stereo transmitter. (b) FM stereo receiver.

The most bandwidth-efficient analog communication system is the SSB SC system with a
transmission bandwidth equal to the signal bandwidth. In bandwidth-critical applications, such
as voice transmission over microwave and satellite links and some point-to-point communication
systems in congested areas, this system is used widely. When transmission signals have a
significant dc component, such as image signals, SSB SC cannot be used because it cannot
effectively transmit direct current. A good compromise is the VSB system (with its bandwidth
slightly larger than SSB and a capability for transmitting dc values), which is widely used in
television broadcasting and some data-communication systems. When bandwidth is the major
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concern, PM and particularly FM systems are least favorable. Only in terms of their high level of
noise immunity, their usage may sometimes be justified.

FM, with its high level of noise immunity, and hence power efficiency, is widely used
on high-fidelity radio broadcasting and power-critical communication links such as point-to-
point communication systems. It is also employed for satellite links and voice transmission on
microwave LOS systems. When the transmitted power is a major concern, conventional AM
and VSB (being the least power-efficient systems) are not used, unless their development can be
justified by the simplicity of the receiver structure.

From the viewpoint of ease of implementation, the simplest receiver structure is that of
conventional AM. Standard AM, VSB, and FM are widely used for AM, television, and high-
fidelity FM broadcasting. The relative power inefficiency of the AM transmitter is compensated
for by the extremely simple structure of several billions of receivers. The receiver structure
is much more complicated for DSB SC and SSB SC systems, since they require synchronous
demodulation. These systems, therefore, are never used for broadcasting purposes. Note that
DSB SC also suffers from its relative bandwidth inefficiency.

Radio and Television Broadcasting

Radio (AM and FM) and television broadcasting are the most familiar forms of communication
via analog transmission systems. The receiver most commonly used in AM radio broadcasting is
the superheterodyne receiver, shown in Figure 15.2.20, which consists of a radio-frequency (RF)
tuned amplifier, mixer, local oscillator, intermediate frequency (IF) amplifier, envelope detector,
audio-frequency amplifier, and a loudspeaker. Tuning at the desired radio frequency fc is achieved
by a variable capacitor, which simultaneously tunes the RF amplifier and the frequency f LO of the
local oscillator. Every AM radio signal, in a superheterodyne receiver, is converted to a common IF
frequency of fIF = |fc − fLO| = 455 kHz, which allows the use of a single tuned IF amplifier for
signals from any radio station in the frequency band. Matching the bandwidth of the transmitted
signal, the IF amplifier is set to have a bandwidth of 10 kHz.

The frequency conversion to IF is done by the combination of the RF amplifier and the mixer.
The tuning range of the local oscillator is 955–2,055 kHz. f LO could be either higher or lower than
fc. If f LO is higher than fc, then fLO = fc+fIF. By tuning the RF amplifier to the frequency fc and
mixing its output with the local oscillator frequency f LO, we obtain two signal components: one
centered at the difference frequency f IF; and the other centered at the sum frequency 2fc + fIF,
known as the image frequency. Only the first component is passed on by the IF amplifier. The
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amplifier
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Common tuning

Automatic
volume control

Detector

Loud speaker

Audio
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Figure 15.2.20 Superheterodyne receiver.
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image response is suppressed by using the antenna and other RF-tuned circuits as a filter. By
limiting the bandwidth of the RF amplifier to the range Bc < BRF < 2fIF, where Bc is the
bandwidth of the AM radio signal (10 kHz), the radio signal transmitted at the image frequency
(f ′c = fLO+ fIF) is rejected. A similar behavior occurs when f LO is lower than fc. Figure 15.2.21
illustrates the AM station and image frequencies for a high-side and a low-side local oscillator,
whereas Figure 15.2.22 depicts the frequency response characteristics of IF and RF amplifiers for
the case fLO > fc.

Amplifiers in the IF circuits provide most of the gain needed to raise the small antenna
signal to a level sufficient to drive the envelope detector. The output of the detector contains a
dc component proportional to Ac and a component proportional to the audio message f (t), the
amplified signal of which is used to drive the loudspeaker. The dc component is utilized in an
automatic volume control (AVC), otherwise known as automatic gain control (AGC), loop to
control the gain of RF and IF amplifiers by controlling their operating bias points. The loop action
is to maintain nearly a constant IF level at the detector’s input, even for large variations in antenna
voltage.

The IF amplifier, with its narrow bandwidth, provides signal rejection from adjacent channels,
and the RF amplifier provides signal rejection from image channels.

An FM radio superheterodyne receiver is shown in block diagram form in Figure 15.2.23.
The part consisting of the antenna, RF amplifier, mixer, and local oscillator functions in a manner
similar to that of an AM receiver, except that the frequencies involved are different. fIF = 10.7
MHz in FM, so that the image is 21.4 MHz from the carrier frequency fc. The RF amplifier must
eliminate the image-frequency band 2f IF away from the station to which the receiver is tuned.

The IF amplifier is generally divided into two parts. The higher level stage is set to limit at
a proper level to drive the demodulator. More expensive FM receivers may have AGC added to
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Figure 15.2.21 AM radio station
and image frequencies. (a) High-
side local oscillator, fLO > fc.
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reduce the gains of the RF and IF amplifier stages. A heavily filtered output from the demodulator
is often used to provide an automatic frequency control (AFC) loop through the local oscillator
that can be implemented to have electronic tuning by using a varactor. After manual tuning, the
AFC loop locks the receiver to the selected station. Finally, the response of the demodulator is
fed into the stereo demodulator, which is implemented as shown in Figure 15.2.19(b).

Television signals in television signal transmission are the electric signals generated by
converting visual images through raster (TV image area) scanning. The two-dimensional image
or picture is converted into a one-dimensional electric signal by sequentially scanning the image
and producing an electrical signal that is proportional to the brightness level of the image. A
television camera, which optically focuses the image on a photo cathode tube that consists of
a photosensitive surface, is used for scanning. An electron beam produces an output current or
voltage that is proportional to the brightness of the image, known as a video signal. The scanning
of the electron beam is controlled by two voltages, as shown in Figure 15.2.24, applied across
the horizontal and vertical deflection plates. In the raster scanning in an NTSC TV system, the
image is divided into 525 lines which define a frame, as illustrated in Figure 15.2.25. The resulting
signal is transmitted in 1/30 second. The number of lines determines the picture resolution and,
along with the rate of transmission, sets the channel bandwidth needed for image transmission.
However, the time interval of 1/30 second to transmit a complete image is not generally fast
enough to avoid flickering, which is annoying to the average viewer. Therefore, to overcome the
flickering, the scanning of the image is performed in an interlaced pattern, as shown in Figure
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Figure 15.2.23 Block diagram of a superheterodyne FM radio receiver.

15.2.26, consisting of two fields, each of 262.5 lines. Each field is transmitted in 1/60 second. The
first field begins at point a and terminates at point b, whereas the second field begins at point c
and terminates at point d.

The image is scanned left to right and top to bottom in a system of closely spaced parallel
lines. When 242.5 lines are completed at the rate of 15,734.264 lines per second (63.556 µs per
line), the raster’s visual area is scanned once; this scan is called a field. While the next 20 lines
are not used for visual information, during that time of 1.27 ms special signals (testing, closed
captions, etc.) are inserted and the beam is retraced vertically to begin a new field (shown as the
second field in Figure 15.2.26). The raster (TV image area) has a standardized aspect ratio of
four units of width for each three units of height. Good performance is achieved when the raster
is scanned with 525 lines at a rate of 29.97 frames per second.

The television waveform representing one scan is illustrated in Figure 15.2.27. A blanking
pulse with a duration of 0.18 of the horizontal-sweep period Th is added to the visual voltage
generated by the camera. While the blanking pulse turns off the electron beam in the receiver’s
picture tube during the horizontal retrace time, an added sync (synchronization) pulse helps the
receiver to synchronize its horizontal scanning rate with that of the transmitter. Also, a burst of
at least 8 cycles of 3.579545 MHz, called the color burst, is added to the “back porch” of the
blanking pulse for synchronizing the receiver’s color circuits. The visual information fluctuates
according to the image between the “black level” and the “white level” set at 70.3% and 12.5%,
respectively, of the peak amplitude. An array of various sync pulses are added on top for both
horizontal and vertical synchronization purposes.

If a filter is added to the television camera optics, so that only the red color passes through, the
camera’s voltage becomes proportional to the intensity of the amount of red in the image. Three
such cameras, all synchronized and viewing the same image, are employed in color television
to decompose the image into its primary color components of red R, green G, and blue B. The
color receiver utilizes a picture tube with three electron beams and a phosphor having R, G,
and B components. While each beam excites one color of phosphor, at any spot in the image
the three colors separately glow with proper intensities in response to the three transmitted color
signals. The viewer’s eye effectively adds the three colors together to reproduce the original scene
in color.
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Figure 15.2.25 Raster scanning in
an NTSC television system.

Now that the fundamentals needed in color television have been explained, it remains to be
seen how the signals are processed by the transmitter and the receiver.

A color television transmitter in a transmitting station is shown in Figure 15.2.28 in a block
diagram indicating the most important functions. A mixture of three primary-color signals (having
the visual signal bandwidth of about 4.2 MHz) are transmitted in the standard color television
system in terms of the following three linearly independent combinations generated by the matrix
circuit:

mY (t) = 0.30mR(t)+ 0.59mG(t)+ 0.11mB(t) (15.2.14)

mI(t) = 0.60mR(t)− 0.28mG(t)− 0.32mB(t) (15.2.15)

mQ(t) = 0.21mR(t)− 0.52mG(t)+ 0.31mB(t) (15.2.16)

The following notation is being used:

• mY(t): Luminance signal, to which monochrome receivers respond, and which defines the
brightness (white or gray level) of the image.

• mI(t), mQ(t): Chrominance signals, which relate only to the color content of the image and
have bandwidths of about 1.6 and 0.6 MHz, respectively.
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• [m2
I (t) + m2

Q(t)]
1/2: Saturation or color intensity. A very deep red is saturated while red

diluted with white to give a light pink is nearly unsaturated.

• tan−1[mQ(t)/mI (t)]: Hue or tint.

• SI(t), SQ(t): Filtered chrominance signals of mI(t), mQ(t) by low-pass filters. SI(t) modulates
a color subcarrier at a frequency of 3.579545 MHz ± 10 Hz via DSB.



706 COMMUNICATION SYSTEMS

LPF

0–4.2 MHz

mY (t) fY (t)

LPFMatrix

Color camera

0–1.6 MHz 2.0–4.2 MHz

mI(t) sI(t) fI(t)

LPF BPF

BPF

B

G

R

B

G

R

0–0.6 MHz 3.0–4.2 MHz

Color-carrier
oscillator

Visual-carrier
oscillator

Horizontal sweep rate

Audio

Vertical (field) sweep rate

Aural carrier

Cameras for R, G, B

Color filters for (R, G, B)

Sync
generator

Visual
modulator

Transmitted
signal sTV(t)

Standard
AM signal

DSB signal

DSB

DSB

Composite
baseband fc(t)

Frequency
modulator

LSB
filter

VSB

VSB

2
π−

2
455÷

2
525÷

3.579545 MHz

mQ(t)

mR(t)

mG(t)

mB(t) sQ(t) fQ(t)

Σ Σ

+

+
+

++ +

Figure 15.2.28 Color TV transmitter in a TV-transmitting station.

• fI(t): Nearly a VSB signal, when the DSB signal is filtered by the BPF of passband 2–4.2
MHz to remove part of the USB in the DSB.

• fQ(t): DSB signal that is produced when the other chrominance signal modulates a quad-
rature-phase version of the color subcarrier. This DSB signal passes directly through the
BPF with passband 3–4.2 MHz without any change.

• fY(t): Filtered luminance signal of mY(t) by an LPF.

• fc(t): Composite baseband waveform by adding fY(t), fI(t), fQ(t), and sync pulses. This has
a bandwidth of about 4.2 MHz and modulates a visual carrier by standard AM.

The standard AM signal is then filtered to remove part of the lower sideband. The resulting
VSB signal and the audio-modulated aural carrier are added to form the final transmitted signal
STV(t). Figure 15.2.29 illustrates the spectrum of a color television signal.

A color television receiver is shown in Figure 15.2.30 in block diagram form, indicating only
the basic functions. The early part forms a straightforward superheterodyne receiver, except for
the following changes:

• The frequency-tuning local oscillator is typically a push-button-controlled frequency syn-
thesizer.

• IF circuitry in television is tuned to give a filter characteristic required in VSB modulation.

The filter shapes the IF signal spectrum so that envelope detection is possible. The output
of the envelope detector contains the composite visual signal fc(t) and the frequency-modulated
aural carrier at 4.5 MHz. The latter is processing in a frequency demodulator to recover the
audio information for the loudspeaker. The former is sent through appropriate filters to separate
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Figure 15.2.29 Spectrum of a color television signal.

out signals fY(t) and [fI(t) + fQ(t)], which is further processed by two synchronous detectors in
quadrature to recover SI(t) and SQ(t). An appropriate matrix combines fY(t), SI(t), and SQ(t) to yield
close approximations of the originally transmitted mR(t), mG(t), and mB(t). These three signals
control the three electron beams in the picture tube.

The output of the envelope detector is also applied to circuits that separate the sync signals
needed to lock in the horizontal and vertical sweep circuits of the receiver. The bursts of color
carriers are isolated such that a PLL can lock to the phase of the color carrier, and thereby provide
the reference signals for the chrominance synchronous detectors.

Mobil Radio Systems (Cellular Telephone Systems)

Today radio-based systems make it possible for mobile people to communicate via cellular
telephone systems while traveling on airplanes and motor vehicles. For radio telephone service,
the FCC in the United States has assigned parts of the UHF band in the range of 806–890 MHz.
For efficient use of the available frequency spectrum, especially in highly populated metropolitan
areas with the greatest demand for mobile telephone services, the cellular radio concept has been
adopted, in which a geographic area is subdivided into cells, each of which contains a base station,
as shown in Figure 15.2.31. Each base station is connected by telephone lines to a mobile telephone
switching office (MTSO), which in turn is connected through telephone lines to a telephone central
office of the terrestrial telephone network.

When a mobile user (identified by the telephone number and telephone serial number assigned
by the manufacturer) communicates via radio with the base station within the cell, the base station
routes the call through the MTSO to another base station if the called party is located in another
cell, or to the central office if the called party is not mobile. Once the desired telephone number is
keyed and the “send” button is pressed, the MTSO checks the authentication of the mobile user and
assigns (via a supervisory control channel) an available frequency channel for radio transmission
of the voice signal from the mobile telephone to the base station. A second frequency is assigned
for radio transmission from the base station to the mobile user. Simultaneous transmission between
two parties is known as full-duplex operation. In order to complete the connection to the called
party, the MTSO interfaces with the central office of the telephone network by means of wide-
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Figure 15.2.31 Cellular telephone concept in mobile radio system.

band trunk lines, which carry speech signals from many users. When the two parties hang up
upon completion of the telephone call, the radio channel then becomes available for another user.

During the telephone conversation, if the signal strength drops below a preset threshold, the
MTSO monitors and finds a neighboring cell that receives a stronger signal and automatically
switches (in a fraction of a second) the mobile user to the base station of the adjacent cell. If a
mobile user is outside of the assigned service area, the mobile telephone may be placed in a roam
mode, which allows the user to initiate and receive calls.

In analog transmission between the base station and the mobile user, the 3-kHz wide audio
signal is transmitted via FM using a channel bandwidth of 30 kHz. Such a large bandwidth
expansion (by a factor of 10) is needed to obtain a sufficiently large SNR at the output of
the FM demodulator. Since the use of FM is indeed wasteful of the radio frequency spectrum,
cellular telephone systems based on digital transmission of digitized compressed speech are later
developed. With the same available channel bandwidth, the system then accommodates a four-
to tenfold increase in the number of simultaneous users.

Cellular systems employed cells with a radius in the range of 5–18 km. The base station
usually transmitted at a power level of 35 W or less, and the mobile users transmitted at a power
level of about 3 W, so that signals did not propagate beyond immediately adjacent cells. By
making the cells smaller and reducing the radiated power, frequency reuse, bandwidth efficiency,
and the number of mobile users have been increased. With the advent of small and powerful
integrated circuits (which consume very little power and are relatively inexpensive), the cellular
radio concept has been extended to various types of personal communication services using
low-power hand-held sets (radio transmitter and receivers).

With analog cellular, or AMPS (Advanced Mobile Phone System), calls are transmitted in
sound waves at 800 MHz to 900 MHz. This was the first mobile phone technology available in
early 1980s. Digital cellular, or D-AMPS (Digital AMPS), transmits calls in bits at the same
frequency as analog cellular, with improved sound quality and security. To send numerous calls
at once, D-AMPS phones use either CDMA (Code Division Multiple Access) or TDMA (Time
Division Multiple Access) technology; but CDMA phones won’t work in TDMA areas, and vice
versa. A dual-mode unit can switch to analog transmission outside of the more limited digital
network.

PCS (Personal Communications Service) phones transmit at 1800 MHz to 1900 MHz and
are smaller and more energy efficient. To get around the limited coverage, a dual-band digital
phone (which switches to the lower digital frequency) and a trimode phone (which works in
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AMPS, D-AMPS, or PCS areas) has been developed. The GSM (Global System for Messaging
communications) is the most widely accepted transmission method for PCS phones.

The latest wireless communications technology is the personal satellite phone. The coverage
is planetary and one can reach anywhere on earth. Examples include the Iridium satellite handset
developed by Motorola and others from the Teledesic constellation. Special requirements, such as
sending and receiving data or faxes, can be handled by the new handheld computer-and-mobile-
phone hybrids such as Nokia’s 9000i and the Ericsson DI27. Mobile phones with a Web browser
capability are also available. We have yet to see the more exciting new developments in the
telecommunications industry with computers, networking, and wireless technology.

15.3 DIGITAL COMMUNICATION SYSTEMS

A digital signal can be defined as having any one of a finite number of discrete amplitudes at any
given time. The signal could be a voltage or current, or just a number such as 0 or 1. A signal for
which only two amplitudes are possible is known as a binary digital signal, the type of which is
commonly used in computers and most digital communication systems. A communication system
that is designed to process only digital signals (or messages) to convey information is said to be
digital. The recent trend is to make as much of the system digital as possible, because:

• Discrete data are efficiently processed.

• Analog messages can also be converted to digital form.

• Digital systems interface well with computers.

• Digital systems offer great reliability and yield high performance at low cost.

• Being flexible, digital systems can accommodate a variety of messages with ease.

• Security techniques are available to offer message privacy to users.

• Advanced signal-processing techniques can be added on.

However, the most serious disadvantages are the increased complexity needed for system
synchronization and the need for larger bandwidths than in an equivalent analog system. A
digital system can directly interface with a source having only discrete messages, because of
the inherent characteristic of the digital system. With suitable conversion methods, however,
systems currently exist that can simultaneously transmit audio, television, and digital data over
the same channel. Figure 14.1.2 illustrates the basic elements of a digital communication system,
which was introduced in Section 14.1.

Before we begin discussing digital systems, it is helpful to talk about the methods by which
analog messages are converted into digital form. Sampling, quantization, and coding are the three
operations needed for the transmission of an analog signal over a digital system.

Sampling

This method was introduced in Section 14.2. Sampling of an analog signal makes it discrete in
time. A bandlimited signal can be recovered exactly from its samples, taken periodically in time
at a rate at least equal to twice the signal’s bandwidth. If a message f (t) has a spectral extent of
Wf rad/s, the sampling rate fs (samples per second) must satisfy

fs ≥ Wf

π
(15.3.1)

from the sampling theorem. The minimum rate Wf /π (samples per second) is known as the
Nyquist rate. If the exact message samples could be transmitted through the digital system, the
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original f (t) could be exactly reconstructed at all times, with no error by the receiver. However,
since the exact samples cannot be conveyed, they must be converted to discrete samples in a
process known as quantization.

Quantization

Let Figure 15.3.1(a) illustrate a message f (t) with values between 0 and 7 V. A sequence of
exact samples taken at uniform intervals of time is shown: 1.60, 3.70, 4.75, 3.90, 3.45, and
5.85 V. Quantization consists of rounding exact sample values to the nearest of a set of discrete
amplitudes called quantum levels. Assuming the quantizer to have eight quantum levels (0, 1,
2, . . . , 7 V), a sequence of quantized samples (2, 4, 5, 4, 3, and 6 V) is shown in Figure 15.3.1(a).
Obviously, the scheme is not limited to messages with only nonnegative voltages. The quantizer
is said to be uniform when the step size between any two adjacent quantum levels is a constant,
denoted by δv volts. Quantizers with nonuniform step size are also designed for improved system
performance. An L-level quantizer can have even or odd L. A quantizer is said to be saturated or
overloaded when

|f (t)| >
(
L− 2

2

)
δv + δv = L

2
δv (15.3.2)

Figure 15.3.2 shows the output quantum levels versus input voltage characteristic (stairstep in
shape) of an L-level quantizer, when the message signal has both positive and negative amplitudes
of the same maximum magnitude. Case (a) corresponds to L being an even integer, when the
midriser can be observed; and case (b) corresponds to L being an odd integer, when the midtread
can be seen.
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EXAMPLE 15.3.1

A uniform quantizer is said to have 16 levels, and hence is called a midriser. The saturation levels
are to correspond to extreme values of the message of 1 V ≤ f (t) ≤ 17 V. Find the quantum
levels.

So l u t i on

The tread width is δv = (17 − 1)/16 = 1 V. The first quantum level is then given by
1+ (δv/2) = 1.5 V. Other quantum levels, denoted by li, are given by

li = 1.5+ (i − 1)δv = 1.5+ (i − 1)1, i = 1, 2, . . . , 16
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Quantization Error

Sampling followed by quantization is equivalent to quantization followed by sampling. Figure
15.3.3 illustrates a message signal f (t) and its quantized version denoted by fq(t). The difference
between fq(t) and f (t) is known as the quantization error εq(t),

εq(t) = fq(t)− f (t) (15.3.3)

Theoretically, fq(t) can be recovered in the receiver without error. The recovery of fq(t) can
be viewed as the recovery of f (t) with an error (or noise) εq(t) present. For a small δv with a large
number of levels, it can be shown that the mean-squared value of εq(t) is given by

ε2
q(t) =

(δv)2

12
(15.3.4)

When a digital communication system transmits an analog signal processed by a uniform
quantizer, the best SNR that can be attained is given by(

So

Nq

)
= f 2(t)

ε2
q(t)

= 12f 2(t)

(δv)2
(15.3.5)

where S0 and Nq represent the average powers in f (t) and εq(t), respectively. When f (t) fluctu-
ates symmetrically between equal-magnitude extremes, i.e., − |f (t)|max ≤ f (t) ≤ |f (t)|max,
choosing a sufficiently large number of levels L, the step size δv comes out as

δv = 2 |f (t)|max

L
(15.3.6)

and the SNR works out as (
S0

Nq

)
= 3L2f 2(t)

|f (t)|2max

(15.3.7)

By defining the message crest factor KCR as the ratio of peak amplitude to rms value,

K2
CR =

|f (t)|2max

f 2(t)
(15.3.8)

Equation (15.3.7) can be rewritten as

Quantized
message fq(t)

Quantization
error εq(t)

Message f (t)

δv

δv

t

t

Figure 15.3.3 Message signal f (t), its quantized
version fq(t), and quantization error εq(t).
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(
So

Nq

)
= 3L2

K2
CR

(15.3.9)

It can be seen that messages with large crest factors will lead to poor performance.

Companding

In order to lower the crest factor of a waveform, so as to produce better performance, a process
known as companding is used. It works like a compressor which progressively compresses the
larger amplitudes of a message when it is passed through a nonlinear network. The inverse
operation in the receiver is known as an expandor, when it restores the original message. Figure
15.3.4 illustrates a typical set of input–output characteristics for a form of compandor. One can see
that the action of the compressor is to increase the rms–signal value for a given peak magnitude.

Source Encoding

After the quantization of message samples, the digital system will then code each quantized
sample into a sequence of binary digits (bits) 0 and 1. Using the natural binary code is a simple
approach. For a code with Nb bits, integers N (from 0 to 2Nb − 1) are represented by a sequence
of digits, bNb

, bNb−1, . . . , b2, b1, such that

N = bNb
(2Nb−1)+ . . .+ b2(2

1)+ b1(2
0) (15.3.10)

Note that b1 is known as the least significant bit (LSB), and bNb
as the most significant bit (MSB).

Since a natural binary code of Nb bits can encode Lb = 2Nb levels, it follows that

|f (t)|max

|f (t)|max

|f (t)|max

|f (t)|max
Input

Input

No compression
With compression

No expansion
With expansion

Output

Output

(a)

(b)

Figure 15.3.4 Compandor input–output character-
istics. (a) Compressor. (b) Expandor.
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L ≤ Lb = 2Nb (15.3.11)

if L levels span the message variations. For example, in Figure 15.3.1(b), Nb = 3 and L = 8;
the binary code word 010 represents 0(23−1) + 1(21) + 0(20) = 2 V, and 110 represents
1(23−1) + 1(21) + 0(20) = 6 V. Thus, binary code words with Nb = 3 are shown in Figure
15.3.1(b).

EXAMPLE 15.3.2

A symmetrical fluctuating message, with |f (t)|max = 6.3 V and KCR = 3, is to be encoded by
using an encoder that employs an 8-bit natural binary code to encode 256 voltage levels from
−7.65 V to +7.65 V in steps of δv = 0.06 V. Find L, f 2(t), and S0/Nq .

So l u t i on

From Equation (15.3.6),

L = 2 |f (t)|max

δv
= 2× 6.3

0.06
= 210

From Equation (15.3.8),

f 2(t) = |f (t)|2max

K2
CR

= 6.32

9
= 4.41 V2

From Equation (15.3.9),(
S0

Nq

)
= 3L2

K2
CR

= 3× 2102

9
= 14,700 or 41.67 dB

Digital Signal Formatting

After quantization and coding the samples of the message, a suitable waveform has to be chosen
to represent the bits. This waveform can then be transmitted directly over the channel (if no carrier
modulation is involved), or used for carrier modulation. The waveform selection process is known
as formatting the digital sequence. Three kinds of waveforms are available:

1. Unipolar waveform, which assigns a pulse to code 1 and no pulse to code 0. The duration
of a pulse is usually chosen to be equal to Tb, if binary digits occur each Tb seconds (the
bit interval’s duration).

2. Polar waveform, which consists of a pulse of duration Tb for a binary 1 and a negative
pulse of the same magnitude and duration for a 0. This yields better system performance
in noise than the unipolar format, because of the wider distinction between the two values.

3. Manchester waveform, which transmits a pulse of duration Tb/2 followed by an equal
magnitude, but negative pulse of duration Tb/2 for each binary 1, and the negative of this
two-pulse sequence for a binary 0. Even when a long string of 0s or 1s may occur in the
digital sequence, the advantage of this format is that it never contains a dc component.

Figure 15.3.5 illustrates these formats for a sequence of binary digits. Figure 15.3.1 (b) shows
the polar format corresponding to the coding in that case. Since it is important that a digital system
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not lose track of polarity while processing polar or Manchester waveforms, a technique called
differential encoding (see Problem 15.3.9) is employed so as to remove the need to maintain
polarity.

Because the digits in a typical digital sequence fluctuate randomly between 0s and 1s with
time, the formatted waveform is then a randomly fluctuating set of pulses corresponding to the
selected format. With such random waveforms, one uses the power spectral density (with units of
V2/Hz) to define the spectral content. On comparing the three waveform formats, the unipolar and
polar formats both have the same bandwidth and relative side-lobe level, whereas the Manchester
waveform has no spectral component at direct current, but requires twice the bandwidth of the
other two signals.

Pulse-Code Modulation (PCM)

PCM is the simplest and oldest waveform coding scheme for processing an analog signal by
sampling, quantizing, and binary encoding. Figure 15.3.6 shows a functional block diagram of
a PCM system transmitter. In order to guarantee that the message is band-limited to the spectral
extent for which the system is designed, a low-pass filter is introduced. The compressor is rather
optional for better performance. Let us assume that the PCM signal is transmitted directly over
the baseband channel. Corrupted by the noise generated within the receiver, the PCM signal is
shown as the input to the PCM reconstruction function in Figure 15.3.7, which depicts a block
diagram of functions (including an optional expandor) needed to receive PCM. The operations of
the receiver are basically the inverse of those in the transmitter. The first and most critical receiver
operation is to reconstruct the originally transmitted PCM signal as nearly as possible from the
noise-contaminated received waveform. The effect of noise is to be minimized through a careful
selection of circuit implementation.

The only knowledge required of the receiver to reconstruct the original PCM signal is whether
the various transmitted bits are 0s and 1s, depending on the voltage levels transmitted, assuming
that the receiver is synchronized with the transmitter. The two levels associated with unipolar

0 1 1 1 0 1 0

(a)

(c)

(b)

(d)

Tb
A

t

t

t

A

A

−A

−A

0 1 0 1 1 0 0 Figure 15.3.5 Waveform formats for a binary
digital sequence. (a) Binary digital sequence {bk}.
(b) Its unipolar format. (c) Its polar format. (d) Its
Manchester format.
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Figure 15.3.6 Block diagram of a PCM system transmitter.
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Figure 15.3.7 Block diagram of a PCM system receiver.

pulses of amplitude A are 0 and A, whereas those associated with polar pulses (of amplitudes±A)
are A and−A. It is, of course, better for the receiver if the ratio of the pulse-caused voltage to the
noise rms voltage is the largest possible at the time of measurement. Figure 15.3.8 shows PCM
reconstruction circuits for unipolar, polar, and Manchester waveforms. The following notation is
used:

• VT: Preset threshold, which is zero for polar and Manchester PCM. In the unipolar system,
it is equal to half the signal component of the integrator’s output level (A2Tb/2) at the
sampling time when the input has a binary 1. (After the sample is taken, the integrator is
discharged to 0 V in preparation for integration over the next bit interval.)

• D: The difference between the integrator’s output and VT at the end of each bit interval of
duration Tb. If D ≥ 0, binary 1 is declared; if D < 0, a 0 is declared.

• Square-wave clock: Generates a voltage A for 0 < t < Tb/2 and −A for Tb/2 < t < Tb,
with its fundamental frequency 1/Tb Hz. The product of the clock and the incoming
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Figure 15.3.8 PCM reconstruction circuits. (a) For unipolar waveform. (b) For polar waveform. (c) For
Manchester waveform.

Manchester PCM waveform becomes a polar PCM signal; the product with the clock
inverted is the negative of a polar signal.

In Figure 15.3.8(c), after differencing in the summing junction, the response is then a double-
amplitude polar PCM signal. The rest of the circuit is similar to that of a polar PCM, as in Figure
15.3.8(b).

The very presence of noise suggests that the PCM reconstruction circuits may occasion-
ally make a mistake in deciding what input pulse was received in a given bit interval. How
often an error is made is determined by the bit-error probability. Bit errors in a unipolar
system occur much more frequently than in a polar system having the same signal-to-noise
ratio.

With negligible receiver noise, only quantization error is present when Equation (15.3.3)
applies. With not so negligible receiver noise, the recovered signal f R

q (t) can be expressed as

f R
q (t) = fq(t)+ εn(t) = f (t)+ εq(t)+ εn(t) (15.3.12)

in which an error εn(t) due to noise is introduced in the reconstructed message f R
q (t). The ratio

of desired output signal power to total output noise power is given by(
S0

N0

)
PCM

= S0/Nq

1+
[
ε2
n(t)/ε

2
q(t)
] (15.3.13)
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where the numerator S0/Nq is given by Equation (15.3.5), or by Equation (15.3.9) when Equation
(15.3.6) applies. If ε2

n(t) << ε2
q(t), noise has no effect on performance; otherwise it has a

significant effect. Thus, εn(t) gives rise to a threshold effect in PCM.

Signal Multiplexing

Frequency-division multiplexing (FDM) and time-division multiplexing (TDM) systems were
introduced in Section 14.2. When data from many sources in time are interlaced, the interlacing
of data is called time multiplexing, in which case a single link can handle all sources. Figure
15.3.9(a) illustrates time multiplexing soon after sampling for N similar messages. With proper
interleaving of sampling pulses [see Figures 15.3.9(b) and (c) for individual message signal
waveforms], the train of samples can be added for the signal at point A in Figure 15.3.9(a), as
shown in Figure 15.3.9(d). If we consider N similar messages of spectral extent Wf rad/s, the
sampling interval Ts must satisfy

Ts ≤ π

Wf

(15.3.14)

based on the sampling theorem (see Section 14.2). A time slot is the time per sampling interval
that is allowed per message. It is equal to the sum of the sampling-pulse duration τ and separation
τg , called the guard time. Thus, we have

τ + τg = Ts

N
≤ π

NWf

(15.3.15)

The time that is required to gather at least one sample of each message is known as a frame,
which is Ts, as shown in Figure 15.3.9(d). Now, with a single composite source of the waveform
shown in Figure 15.3.9(d) at point A of Figure 15.3.9(a), the time multiplexer of Figure 15.3.9(a)
operates beyond A. For Nb-bit encoding, each time slot in the output PCM signal will have Nb bits
of duration,

Tb = Ts

NNb

(15.3.16)

It is assumed that all sample trains are derived from the same timing source, called a clock, and
hence have the same frequency. Instead of using up all frame time for messages, some time is
usually allocated for synchronization so that the receiver will know the start times of frames. The
American Telephone and Telegraph Company (AT & T) employs a device known as a D3 channel
bank, which is a synchronous multiplexer, whose characteristics are as follows:

• It multiplexes 24 telephone messages, each having an 8-kHz sampling rate so that Ts =
1/(8×103) = 125 µs. The digital structure of each input message is determined by a single
master clock.

• Each sample uses 8-bit encoding, so that there are 8 × 24 = 192 message bits; one extra
bit, known as a framing bit, of less than one time slot is allowed for frame synchronization.
Thus, a total of 193 bits per frame, with a total bit rate of 193 × 8000 = 1.544 megabits
per second (Mbit/s), is available.

• The frame structure is illustrated in Figure 15.3.10.

• Bit robbing or bit stealing, which is the occasional borrowing of a message bit for purposes
other than message information, is done for signaling, which refers to conveying information
concerning telephone number dialed, dial tone, busy signal, ringing, and so on.
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Figure 15.3.9 (a) Time multiplexing for N similar analog signals. (b) Waveform at point A for message
signal 1. (c) Waveform at point A for message signal 2. (d) Full waveform at point A.
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Figure 15.3.11 Digital TDM hierarchy for North American telephone communication system.

In digital speech transmission over telephone lines via PCM, a standard TDM hierarchy has been
established for accommodating multiple subscribers. Figure 15.3.11 illustrates the TDM hierarchy
for the North American telephone system. The output from the channel bank is a digital signal
(DS) on a line said to carry level 1 multiplexing. In the first level of the TDM hierarchy, 24
digital subscriber signals are time-division multiplexed into a single high-speed data stream of
1.544 Mbit/s (nominal bit rate). The resulting combined signal is usually called a DS-1 channel.
In the second level of TDM, four DS-1 channels are multiplexed into a DS-2 channel, having the
nominal bit rate of 6.312 Mbit/s. In a third level of hierarchy, seven DS-2 channels are combined
via TDM to produce a DS-3 channel, which has a nominal bit rate of 44.736 Mbit/s. Beyond
DS-3, there are two more levels, as shown in Figure 15.3.11. All multiplexers except the channel
bank are asynchronous.

In a mobile cellular radio system (see Section 15.2) for the transmission of speech signals,
since the available channel bandwidth per user is small and cannot support the high bit rates
needed by waveform encoding methods such as PCM, the analysis–synthesis method based on
linear predictive coding (LPC) is used to estimate the set of model parameters from short segments
of the speech signal. The speech-model parameters are then transmitted over the channel. With
LPC, a bit rate of 4800–9600 bit/s is achieved.

In mobile cellular communication systems, LPC speech compression is only needed for
the radio transmission between the mobile transcriber and the base station in any cell. At the
base station interface, the LPC-encoded speech is converted to analog form and resampled and
digitized (by using PCM) for transmission over the terrestrial telephone system. Thus, a speech
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signal transmitted from a mobile subscriber to a fixed subscriber will undergo two different types
of analog-to-digital (A/D) encoding, whereas speech-signal communication between two mobiles
serviced by different base stations will undergo four translations between the analog and digital
domains.

In the conversion of analog audio signals to digital form, with the development of the compact
disc (CD) player and the digital audio tape recorder, the most dramatic changes and benefits
have been experienced by the entertainment industry. The CD system, from a systems point
of view, embodies most of the elements of a modern digital communication system: A/D and
D/A conversion, modulation/demodulation, and channel coding/decoding. Figure 15.3.12 shows
a general block diagram of the elements of a CD digital audio system. The sampling rate in a
CD system is chosen to be 44.1 kHz, which is compatible with the video recording equipment
commonly used for digital recording of audio signals on magnetic tape. The samples of both the L
and R signals are quantized using PCM with 16 bits per sample. While the D/A conversion of the
two 16-bit signals at the 44.1-kHz sampling rate is relatively simple, the practical implementation
of a 16-bit D/A converter is very expensive. Because inexpensive D/A converters with 12-bit (or
less) precision are readily available, a method is to be devised for D/A conversion that employs
a low precision (and hence a low-cost D/A converter), while maintaining the 16-bit precision
of the digital audio signal. Without going into details, the practical solution to this problem is
to expand the bandwidth of the digital audio signal by oversampling through interpolation and
digital filtering prior to analog conversion.

Time-division multiple access (TDMA) is an important means by which each station on earth
timeshares the communication satellite in the sky, and broadcasts to all other stations during its
assigned time. Figure 15.3.13 shows the communication links of several (N) earth stations that
communicate with each other through satellite. All stations use the same up-link frequency, and
all receive a single down-link frequency from the satellite.

Carrier Modulation by Digital Signals

Digitally modulated signals with low-pass spectral characteristics can be transmitted directly
through baseband channels (having low-pass frequency-response characteristics) without the
need for frequency translation of the signal. However, there are many communication bandpass
channels (telephone, radio, and satellite channels) that pass signals within a band of frequencies
(that is far removed from dc). Digital information may be transmitted through such channels by
using a sinusoidal carrier that is modulated by the information sequence in either amplitude, phase,
or frequency, or some other combination of amplitude and phase. The effect of impressing the in-
formation signal on one or more of the sinusoidal parameters is to shift the frequency content of the
transmitted signal to the appropriate frequency band that is passed by the channel. Thus, the signal
is transmitted by carrier modulation. There are several carrier-modulation methods. However, we
shall limit our discussion to the following, assuming only binary modulation in all cases:

• Amplitude-shift keying (ASK)
• Phase-shift keying (PSK)
• Differential phase-shift keying (DPSK)
• Frequency-shift keying (FSK).

AMPLITUDE-SHIFT KEYING (ASK)

A carrier’s amplitude is keyed between two levels (binary 1 and 0) in binary ASK. Figure 15.3.14
shows the functions of a coherent ASK communication system. Let us consider a bit interval from
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t = 0 to t = Tb, since the operation of any other interval will be similar. The desired ASK signal
is given by

sASK(t) =
{
Ac cos(ωct + φc), 0 < t < Tb, for 1
0, 0 < t < Tb, for 0

(15.3.17)
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where Ac, ωc, and φc are the peak amplitude, angular frequency, and phase angle of the mod-
ulated carrier, respectively. Equation (15.3.17) can be viewed as a carrier Ac cos(ωct + φc)

modulated by a digital signal d(t) that is 0 or 1 in a given bit interval. The digital signal and
product device shown in Figure 15.3.14 are then equivalent to the waveform formatter and
modulator. Assuming that the received signal sR(t) differs only in amplitude from sASK(t), one
can write

sR(t) =
{
Ac cos(ωct + φc), 0 < t < Tb, for 1
0, 0 < t < Tb, for 0

(15.3.18)

The product device in the receiver’s demodulator acts like a synchronous detector that
removes the input carrier. The major disadvantage of the coherent ASK is that the required local
carrier must be phase-connected with the input signal. The input to the integrator is a unipolar
PCM signal, and the remainder of Figure 15.3.14 is a PCM receiver [see Figure 15.3.8(a)].

The noncoherent ASK system eliminates the need for a coherent local oscillator. Figure
15.3.15 shows the demodulator and code generator for a noncoherent ASK system. A matched
filter (that has its impulse response matched to have the same form as the carrier pulse at its input)
and envelope detector take the place of the synchronous detector and integrator of Figure 15.3.14.

While ASK systems are not as widely used as other systems for various reasons, the ASK
concept remains significant, particularly as applied to modern optical communication systems
which use intensity modulation of a light source.
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PHASE-SHIFT KEYING (PSK)

In PSK, the phase angle of a carrier is keyed between two values. When the values are separated
by π radians, it is known as phase-reversal keying (PRK). The PSK waveform in the bit interval
is given by

sPSK(t) =
{
Ac cos(ωct + φc), 0 < t < Tb, for 1
−Ac cos(ωct + φc), 0 < t < Tb, for 0

(15.3.19)

Equation (15.3.18) can be viewed as a carrier Ac cos(ωct + φc) modulated in amplitude by
a digital signal d(t) with amplitudes of 1 when the binary digit in the bit interval is 1 and 0,
respectively. Figure 15.3.16 illustrates the functions of a coherent PSK communication system,
which is similar to the ASK system of Figure 15.3.14 with the following differences:

• The received signal is now given by

sR(t) =
{
Ac cos(ωct + φc), 0 < t < Tb, for 1
−Ac cos(ωct + φc), 0 < t < Tb, for 0

(15.3.20)

• A gain of 2 is assigned to the integrator.

• A threshold is absent when binary digits 0 and 1 occur with equal probability.

No truly noncoherent PSK version is possible because the PSK signal carries its information
in the carrier’s phase, whereas a noncoherent system purposely disregards phase and operates
only on signal amplitude.

DIFFERENTIAL PHASE-SHIFT KEYING (DPSK)

In order to eliminate the need of a local carrier, DPSK has been developed in which the receiver
uses the received signal to act as its own carrier. Figure 15.3.17 shows the functions of a DPSK
system in which the leftmost product operation along with 1-bit delay is the differential encoder.
The digital signal d(t) is a polar waveform of levels ±1, corresponding to binary digits 1 and
0, respectively. The output signal a(t) from the differential encoder PSK-modulates a carrier to
produce the DPSK signal sDPSK(t). The product device followed by the wide-band low-pass filter
acts as the coherent detector. The two inputs to the product device are obtained from the output
of a filter matched to the input pulse in a single bit interval. Note that the 1-bit delayed input to
the product device serves the purpose of the local oscillator for the coherent detector; that is to
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Figure 15.3.16 Functions of a coherent PSK communication system.
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say, the DPSK waveform in a given bit interval serves as its own local-oscillator signal in the
following bit interval.

In Figure 15.3.17, si(t) is the signal component of the matched filter output, and sd(t) is the
signal component of the detector output. If the phases of both si(t) and si(t − Tb) are the same,
sd(t) is then a positive voltage; if their phases differ by π radians, sd(t) will then be a negative
voltage. These voltages will have maximum amplitudes at the sample time at the end of the bit
interval. Because the sign of the voltage at the sampler depends upon the phase relationship
between si(t) and its delayed replica, and the sign of sd(t) is of the same form as d(t), the
original digital bit sequence can be determined by sampling to decide the sign of the detector
output.

Figure 15.3.18 illustrates an example sequence of message binary digits, modulator wave-
forms in DPSK, and phase and polarity relationships as applied to DPSK message recovery.

FREQUENCY-SHIFT KEYING (FSK)

Digital transmission by FSK is a nonlinear modulation method that is appropriate for channels
that lack the phase stability needed to perform carrier-phase estimation. Figure 15.3.19 shows
the functions of a coherent FSK system in which the transmitted signal sFSK(t) is generated by
frequency modulation of a voltage-controlled oscillator (VCO). The digital signal d(t) has a polar
format with amplitudes±1, corresponding to binary digits 1 and 0, respectively. Modulation keys
the VCO’s angular frequency between two values, such that

ω2 = ωc +�ω when d(t) = 1 (15.3.21)

ω1 = ωc −�ω when d(t) = −1 (15.3.22)

where �ω is the frequency deviation from a nominal or carrier angular frequency ωc. In order
to conserve the bandwidth in the signal sFSK(t), �ω is usually selected not much larger than the
minimum allowable value given by

�ω = π

Tb
= ωb

2
(15.3.23)
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t

0

Digital signal d(t)

Phase of si(t)

(a)

(b)

0

0

π

−

+

π

Initial level

1 1 1 1 1 1 10 0 0 0 00
Example digital bit sequence

1

−1

t

t

t

t

a(t − Tb)

Phase of si(t − Tb)

Sign of sd(t)

1

−1

t

a(t)
1

−1

Figure 15.3.18 (a) Example sequence
of message binary digits and modulator
waveforms in DPSK. (b) Phase and polar-
ity relationships as applied to DPSK mes-
sage recovery.

Sampler

Sample at time Tb for bit interval 0 < t ≤ Tb
A cos (ω1t + φ1)

A cos (ω2t + φ2) ≥ 0    choose 1

< 0    choose 0
Σ

+

−
Σ

+

+
D

∫   ( . ) dt

∫   ( . ) dt

VCODigital
signal d(t)

Broad-band system noise

Modulator Channel Demodulator and code generator of receiver

sFSK(t) sR(t)

R

Tb

0

Tb

0

Figure 15.3.19 Functions of a coherent FSK system.
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When Equation (15.3.23) is satisfied, the bandwidth of the channel needed to support sFSK(t) is
about 2ωb rad/s. The transmitted signal in Figure 15.3.19 can be seen to be two unipolar ASK
signals in parallel, one at carrier frequency ω2 and the other at ω1. The receiver then becomes two
coherent ASK receivers in parallel (see Figure 15.3.14).

The noncoherent FSK version results when each product device and the following inte-
grator in the receiver are replaced by a corresponding matched filter followed by an envelope
detector.

Comparison of Digital Communication Systems

The noise performances of different digital communication systems are usually compared on the
basis of their bit-error probabilities Pe. Keeping the ratio Eb/N0 as an independent parameter,
where Eb represents the average signal energy per bit and N0 stands for the noise level, the
following expressions are given here with no derivation:

Pe =




1
2

[
1+

√
1

2π(Eb/N0)

]
exp

(
−Eb

2N0

)
noncoherent ASK

1
2 exp

(
−Eb

2N0

)
noncoherent FSK

coherent ASK
1
2 erfc

[√
Eb

2No

]
coherent FSK

}
unipolar PCM

1
2 exp

(
−Eb

No

)
DPSK

PSK
1
2 erfc

[√
Eb

No

]
polar PCM

}
Manchester PCM

(15.3.24)

where

erfc(x) = 1− 2√
π

∫ x

0
e−ξ

2
dξ (15.3.25)

is known as the complementary error function, which is equal to 1 at x = 0 and decreases to 0 as
x →∞; its behavior may be approximated by

erfc(x) ∼= e−x2

x
√
π

when x > 2 (15.3.26)

and

erfc(−x) = 2− erfc(x) (15.3.27)

Figure 15.3.20 gives the plots of Equation (15.3.24). Of the PCM (noncarrier) systems, the
polar and Manchester-formatted systems are superior to the unipolar system, since no energy is
transmitted during half the bits (on average) in the unipolar system. Of the carrier-modulated
systems, coherent systems perform slightly better (by about 1 dB) than their corresponding
noncoherent versions. However, in practice, to avoid having to generate a local carrier in the
receiver, it may be worth the expense of 1 dB more in transmitted power. The PSK system can
be seen to be superior by about 3 dB for a given Pe to both FSK and ASK (which exhibit nearly
the same performance).
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Pe

Eb

N0

100

ASK (noncoherent)
FSK (noncoherent)

ASK (coherent)
FSK (coherent)

PCM (unipolar)

PCM (polar)
PCM (Manchester)
PSK

DPSK

0 16128

10 log (dB)

4

10−1

10−2

10−3

10−4

10−5

10−6

10−7

Figure 15.3.20 Plots of Pe versus [Eb/N0]dB for various
digital communication systems.

EXAMPLE 15.3.3

Let both coherent ASK and coherent PSK systems transmit the same average energy per bit interval
and operate on the same channel such that Eb/N0 = 18. Determine the bit-error probability Pe

for the two systems.

So l u t i on

From Equation (15.3.24) it follows for coherent ASK,

Pe = 1

2
erfc

√
Eb

2N0

= 1

2
erfc

√
18

2
= 1

2
erfc(3)

∼= 1

2

e−9

3
√
π

[from Equation (15.3.26)]

∼= 1.16× 10−5

and for coherent PSK,

Pe = 1

2
erfc

√
Eb

No

= 1

2
erfc

√
18 = 1

2
erfc(4.243)
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∼= 1

2

e−18

4.243
√
π

∼= 1.01× 10−9

The PSK system is clearly superior to the ASK system, based on equal values of Eb/N0.

Digital Transmission on Fading Multipath Channels

We have discussed thus far digital modulation and demodulation methods for the transmission
of information over two types of channels, namely, an additive noise channel and a linear filter
channel. While these channel models are appropriate for a large variety of physical channels, they
become inadequate in characterizing signal transmission over radio channels whose transmission
characteristics vary with time. Time-varying behavior of the channel is exhibited by the following:

• Signal transmission via ionospheric propagation in the HF band (see Figure 15.0.3), in
which signal fading is a result of multipath signal propagation that makes the signal arrive
at the receiver via different propagation paths with different delays.

• Mobile cellular transmission, between a base station and a telephone-equipped automobile,
in which the signal transmitted by the base station to the automobile is reflected from
surrounding buildings, hills, and other obstructions.

• Line-of-sight microwave radio transmission, in which signals may be reflected from the
ground to the receiving antenna due to tall obstructions or hilly terrain in the path of
propagation.

• Airplane-to-airplane radio communications, in which secondary signal components may
be received from ground reflections.

Such channels may be treated as linear systems with time-varying impulse response by
adopting a statistical characterization. Models for time-variant multipath channels will not be
considered here.

15.4 LEARNING OBJECTIVES

The learning objectives of this chapter are summarized here so that the student can check whether
he or she has accomplished each of the following.

• Basic ideas about waveguides.

• Transmission line with matched impedances.

• Calculating the signal power at the output of a radio transmission system.

• Fundamentals of antennas.

• Signal-to-noise power ratio at the system output, as a measure of performance of the
communication system.

• Amplitude modulation and message demodulation in analog communication systems.

• Frequency modulation and demodulation in analog communication systems.

• Block diagrams of superheterodyne radio receivers.

• Basic notions of television broadcasting.

• Cellular-telephone-system concepts.

• Sampling, quantization, and coding in digital communication systems.
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• Pulse-code modulation and demodulation for processing analog signals.

• Time-division multiplexing.

• Digital modulation and demodulation methods for the transmission of information and the
comparison of digital communication systems.

15.5 PRACTICAL APPLICATION: A CASE STUDY

Global Positioning Systems

Modern communication systems abound in practice: cellular phones, computer networks, tele-
vision satellites, and optical links for telephone service. Communication with instruments has
been made possible between our planet, the earth, and Mars.

A global positioning system (GPS) is a modern and sophisticated system in which signals are
broadcast from a network of 24 satellites. A receiver, which contains a special-purpose computer
to process the received signals and compare their phases, can establish its position quite accurately.
Such receivers are used by flyers, boaters, and bikers. Various radio systems that utilize phase
relationships among signals received from several radio transmitters have been employed in
navigation, surveying, and accurate time determination. An early system of this type, known as
LORAN, was developed so that the receivers could determine their latitudes and longitudes.

Figure 15.5.1 illustrates in a simple way the working principle of LORAN, which consists of
three transmitters (a master and two slaves) that periodically broadcast 10-cycle pulses of 100-kHz
sine waves in a precise phase relationship. The signal received from each transmitter is phase-
shifted in proportion to the distance from that transmitter to the receiver. A phase reference is
established at the receiver by the signal from the master transmitter; then the receiver determines
the differential time delay between the master and each of the two slaves. The difference in
time delay between the master and a given slave yields a line of position (LOP), as shown in
Figure 15.5.1.

If the time delays of the signals from the master and a given slave are equal (i.e., no differential
delay), then the line of position is the perpendicular bisector of the line joining the master and
that particular slave. On the other hand, if the time delay from the master is smaller by a certain
amount, the line of position happens to be a hyperbola situated toward and near the master, as
illustrated by LOP for slave 1 in Figure 15.5.1, and LOP for slave 2, where the time delay from
slave 2 is smaller. The intersection of the LOPs for the two slaves determines the location of the
receiver.

LOP for slave 1

LOP for slave 2

Master transmitter

Position of receiver Slave 1

Slave 2

Figure 15.5.1 Working principle of LORAN.
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The simple concept of relative phase relationships is exploited by engineers and scientists in
several systems that are beneficial to the general public. For example, remote measurements of
the height of Greenland’s ice cap (by using high-quality GPS receivers) are being made to assess
the possible effects of global warming.

PROBL EMS

15.1.1 A coaxial cable with polyethylene dielectric (εr =
2.26) connects an antenna to a receiver 30 m away.
Determine the velocity of wave propagation in
the cable and the delay of the cable. (Hint: See
Example 15.1.1.)

15.1.2 If b and a are the radii of the outer and inner
conductors, respectively, of a coaxial cable using
a polyethylene dielectric (εr = 2.26), what ratio
b/a is needed for the cable to have a characteristic
impedance Z̄0 = R0 = (60/

√
εr ) ln (b/a) of 50

�?

*15.1.3 A rigid 50-� coaxial transmission line has air as
dielectric. If the radius of the outer conductor is 1
cm, find the cutoff frequency

fc = c

π
√
εr (a + b)

Note that Z̄0 = R0 = (60/
√
εr ) ln (b/a).

15.1.4 If the line of Problem 15.1.3 is made of copper
whose resistivityρ = 1.72×10−8 �·m, determine
the maximum length that can be used if losses are
not to exceed 3 dB when f = 3 GHz. For the
expression of attenuation, see Example 15.1.1.

15.1.5 For an RG-290/U aluminum rectangular wave-
guide, a = 58.42 cm and b = 29.21 cm. Compute
the theoretical and practical frequency ranges of
operation for the guide. (See Example 15.1.2.)

15.1.6 A rectangular air-filled RG-52/U is made of brass
(ρ = 3.9 × 10−8 � · m) and has dimensions
a = 22.86 mm and b = 10.16 mm.

(a) Determine Z̄0(= R0) at the limits of the prac-
tical operating frequency range of the guide.
(See Example 15.1.2.)

(b) Compute the attenuation given by

(0.458× 10−4)
√
fρ
[
1+ (2b/a)(fc/f )2

]
b
√

1− (fc/f )2
dB

per unit length corresponding to those limiting
frequencies.

15.1.7 By using the expression for attenuation given in
Problem 15.1.6(b), find the attenuation of the air-

filled waveguide of Problem 15.1.5 if ρaluminum =
2.83 × 10−8 � · m, at frequencies of 1.25fc and
1.9fc.

*15.1.8 An RG-139/U rectangular waveguide is given to
have dimensions a = 0.8636 mm and b = 0.4318
mm. Compute the theoretical and practical fre-
quency ranges of operation for the guide. (See
Example 15.1.2.)

15.1.9 Find the diameter of a circular waveguide that will
have a lower cutoff frequency of 10 GHz and also
specify its largest usable frequency. (See Example
15.1.2.)

15.1.10 It is desired to cut a λ/4 length of RG58A/U cable
(εr = 2.3) at 150 MHz. What is the physical length
of this cable?

15.1.11 A transmission line with air dielectric is 25 m
long. Find, in wavelengths, how long the line is
at frequencies of 1 kHz, 10 MHz, and 100 MHz.

15.1.12 A transmission line with a dielectric (εr = 3.5) is
100 m long. At a frequency of 10 GHz, how many
wavelengths long is the line?

*15.1.13 Comment briefly on the following:

(a) Why are waveguides not used at low frequen-
cies?

(b) Why are open-wire lines not generally used as
guiding structures at very high frequencies?

(c) What is the velocity of wave propagation in a
Teflon (εr = 2.1) coaxial transmission line?

15.1.14 (a) What is the difference between a TEM mode
and a TE mode?

(b) Explain the terms “cutoff wavelength” and
“dominant mode” as applied to waveguides.
Find the cutoff wavelength for an air-filled
rectangular waveguide for the propagation by
the dominant mode.

15.1.15 The cutoff frequency of a dominant mode in an
air-filled rectangular waveguide is 3 GHz. What
would the cutoff frequency be if the same wave-
guide were filled with a lossless dielectric having
an εr = 3.24?
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15.1.16 A transmitter is connected to an antenna by a
transmission line for which Z̄0 = R0 = 50 �.
The transmitter source impedance is matched to
the line, but the antenna is known to be unmatched
and has a reflection coefficient

�L = RL − R0

RL + R0
= 0.3

where RL (= Z̄L) is the load impedance. The
transmitter produces a power of 15 kW in the inci-
dent wave to the antenna and will be destroyed due
to overheat if the reflected wave’s power exceeds
2 kW. Determine the antenna’s radiated power in
this case and comment on whether the transmitter
will survive.

*15.1.17 A source of impedance Z̄S = RS = 100 � has
an open-circuit voltage vS(t) = 12.5 cos ωot and
drives a 75-� transmission line terminated with
a 75-� load. Find the current and voltage at the
input terminals of the line.

15.1.18 The model of an elemental length of a lossy trans-
mission line is shown in Figure P15.1.18(a),

along with its parameters, where R is series re-
sistance per unit length, L is series inductance
per unit length, G is shunt conductance per unit
length, and C is shunt capacitance per unit length.
The characteristic impedance Z̄0 of the line is
given by

Z̄0 =
√
Z̄

Ȳ
=
√

R + jωL

G+ jωC

The propagation constant V is given by

V̄ =
√
Z̄ Ȳ = √(R + jωL)(G+ jωC)

= α + jβ

where α is the attenuation constant (nepers per
unit length) and β is the phase constant (radi-
ans per unit length). The ac steady-state solu-
tion for the uniform line reveals the voltage on a
matched line (Z̄L = Z̄0) to be Ē(x) = ĒSe

−γ̄ x =
ĒSe

−αxe−jβx , where ĒS is the sending-end volt-
age and x is distance along the line from the send-
ing end.

∆x

 = 100 mi

ERES

L∆x

G ∆x

(a)

C ∆x

R∆xI
−

I + ∆I
−−

E + ∆EE
−

−

+

−

+

−−

600 Ω

Eg = 10 ∠0° v RMS

(b)

ZR = Z0

IR
−

IS
−

−−
+

−

−

−

+

+

−

−

−

Figure P15.1.18
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(a) Now consider a typical open-wire transmis-
sion line with parameters of R = 14 �/mi,
L = 4.6 mH/mi, C = 0.01 µF/mi, and G =
0.3×10−6 S/mi. If the line operates at 1 kHz,
find the characteristic impedance Z̄0 and the
propagation constant γ̄ .

(b) Then consider a 100-mi open-wire flat tele-
phone line with the same parameters as those
given in part (a). The matched transmission
line is shown in Figure P15.1.18(b). If the
frequency of the generator is 1 kHz, determine
the following:

(i) Sending-end current ĪS .

(ii) Sending-end voltage ĒS .

(iii) Sending-end power PS.

(iv) Receiving-end current ĪR .

(v) Receiving-end voltage ĒR .

(vi) Receiving-end power PR.

(vii) Power loss in dB, which is given by 10
log (PS/PR).

(c) Find the wavelength (λ = 2π/β) of the signal
on the line in part (b) and the length of the
line in terms of wavelengths. Also, find the
transmission loss in nepers and decibels of the
transmission line in part (b). (1 neper= 8.686
dB.)

(d) For a lossless line (with R = G = 0) in which
the velocity of energy propagation is given by
vp = ω/β = 1/

√
LC, find expressions for

α and β. Consider the line in part (b) to be
lossless, and calculate the corresponding α,
β, and vp.

*15.1.19 Describe the following phasor equations repre-
sented in the time domain:

(a) Ē = K1e
−γ̄ z (b) Ē = K2e

γ̄ z

where z is the space coordinate, K1 and K2 are
constants, and γ̄ = α + jβ.

15.1.20 Consider a transmission system as shown in Figure
P15.1.20. Determine the individual gains and G=
G1G2G3.

15.1.21 Consider a transmission system as shown in Figure
P15.1.21. Taking G1 as large as possible, find the
needed gains G1 and G2.

15.1.22 In the transmission system of Figure 15.1.4, let G1

= 23 dB; α1 = α2 = 2.5 dB/km, l1+ l2= 30 km,
Pin = 1 mW; and Pout = 50 mW. Determine l1, l2,
G2, and G3 such that the signal power equals 20
µW at the input to G2 and G3.

15.1.23 A signal with bandwidth of 100 MHz is to be
transmitted 40 km by LOS radio transmission.
Taking B/fc = 1/30, and using a circular-aperture
parabolic dish with 50-cm radius at each end,
compute the transmission loss.

*15.1.24 Consider the LOS radio system of Figure 15.1.6,
with dipole antennas. Let Pin= 10 W, R= 20 km,
Gt=Gr= 2 dB, and fc= 500 MHz. Compute Pout.

15.1.25 A satellite radio transmitter has Pin = 3 W and
Gt = 30 dB. The receiving antenna has a circular
aperture with radius r at the ground station 30,000
km away. Find r in meters if Pout = 30 pW.

15.1.26 A microwave relay system uses two identical horn
antennas mounted on towers spaced 40 km apart.
If fc = 6 GHz, and each relay hop has L = 60 dB,
calculate the antenna aperture area Ae in square
meters.

5 mW 200 mW200 mW

Preamplifier

G1
L1

α1 = 1.5 dB/km

l1
20 km

200 mW

Repeater

G2

Receiving
amplifier

G3
L2

α2 = 1.5 dB/km

l2
18 km

Figure P15.1.20

Pin = 2 mW

Preamplifier

G1
L1

α = 0.6 dB/km

50 km

Pout = 0.4 W

Cable with 1-W power limitation

Output amplifier

G2

Figure P15.1.21
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15.1.27 An antenna has an aperture area of 10 m2, an
aperture efficiency of 0.6, and negligible losses.
If it is used at 5 GHz, find:

(a) Its power gain.

(b) The maximum power density that the antenna
can generate at a distance of 20 km with an
input power of 2 kW.

15.1.28 The power gain of an antenna is 10,000. If its input
power is 1 kW, calculate the maximum radiation
intensity that it can generate.

*15.1.29 An antenna has beam widths of 3° and 10° in
orthogonal planes and has a radiation efficiency
factor of 0.6. Find the maximum radiation inten-
sity if 1 kW is applied to the antenna.

15.1.30 The radiation pattern of a half-wave dipole an-
tenna [see Figure 15.1.7(a)] is given by

P(θ, φ) = cos2 [(π/2) cos θ]

sin2θ

(a) Sketch the radiation pattern in the principal
plane of xz containing angle θ .

(b) Determine the beam width between the −10-
dB points of its radiation pattern as well as the
half-power beamwidth.

15.1.31 The effective area of a dipole is given by Ae =
0.13λ2. Find the effective area of a half-wave
dipole at 3 GHz.

15.1.32 For a helical antenna [see Figure 15.1.7(c)], the
half-power beamwidth and directive gain are
given by

θB ∼= 52λ3/2

C
√
NS

where C = πD, N = L/S, and S = C tan α, in
which α is called the pitch angle, and

GD
∼= 12NC2S

λ3

The input impedance seen by the transmission
line at point P [Figure 15.1.7(c)] is almost purely
resistive, given by Za

∼= 140C/λ. Calculate the

antenna parameters of a 10-turn helix at f = 500
MHz by assuming that C = λ and α = 14π/180.

15.1.33 For a pyramidal-horn antenna [Figure 15.1.7(e)],
the maximum directive gain is given by

GD
∼= 2.05πAB

λ2

occurring when the aperture dimensions are A ∼=√
3λL andB ∼= 0.81A. The principal-plane beam-

widths for the optimum horn with maximum gain
are given by θB ∼= 54λ/B in degrees in the yz-
plane, and by φB

∼= 78λ/A in degrees in the xz-
plane. For a pyramidal horn, with A = 6λ and B
= 4.86λ, at 6 GHz, find GD, θB, and φB. Comment
on whether this horn is optimum.

15.1.34 A conical horn [Figure 15.1.7(f)] has a side view as
shown in Figure P15.1.34. The maximum value of
the directive gain is given by GD

∼= 5.13(D/λ)2,
whereD ∼= √3.33λL1 andL1 ∼= L/(1−d/D), in
which d is the inside diameter of the waveguide.
Beamwidths for the main beam directed along the
z-axis are given by θB ∼= 60λ/D in degrees in the
yz-plane, and byφB

∼= 70λ/D in degrees in the xz-
plane. Let the circular waveguide, with a 2.5-cm
inside diameter, be expanded by adding a conical
flare to have an aperture with an inside diameter
of 5.771λ at 8 GHz. For L1 = 10λ, find:

(a) The horn length L.

(b) The directive gain.

(c) The principal-plane beamwidths.

*15.1.35 A paraboloidal antenna [Figure 15.1.7(g)] has an
aperture efficiency of 0.6 and a diameter D =
100λ at 6 GHz. Illumination by the feed is such
that the beamwidths of the principal-plane sec-
ondary patterns are equal. Determine the antenna’s
power gain and beamwidth. (Note that the ra-
diation pattern of the feed is called the primary
pattern, whereas that of the overall antenna is the
secondary pattern.)

15.1.36 Two stations, located on mountain tops 40 km
apart, communicate with each other using two

L1

L

ApertureApex

Throat
D

d

z

Figure P15.1.34
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identical paraboloidal antennas with pencil beam-
width of 1°, aperture efficiency of 0.8, and radi-
ation efficiency of 0.85. The transmitting station
has Pt= 60 W and Lt= 2 at 8 GHz. With Lr= 1.5
and Lch = 2.5, find the diameter of the antennas and
the signal power available at the receiver input.

15.1.37 Two stations (using identical antennas, with di-
ameters of 50λ and aperture efficiencies of 0.6 at
35 GHz) are separated by 30 km. With negligible
antenna losses, antenna connection-path losses are
Lt = Lr = 1.33 at a physical temperature of 285
K, while the antenna temperature is 85 K. The re-
ceiver at either station has Ga(f 0)= 107, T̄R = 250
K, and BN = 12 MHz. The rain attenuation and
clear-air attenuation are given to be 3.9 dB/km
and 0.072 dB/km, respectively. Determine:

(a) The required output power to guarantee a sys-
tem signal-to-noise power ratio of 45 dB when
heavy rain falls over a distance of 6 km.

(b) The available noise power occurring at the
receiver output.

(c) The output signal power occurring with and
without rain, when the transmitted power
found in part (a) is used.

15.1.38 If an antenna has an available noise power of
1.6 × 10−15 W in a 1-MHz bandwidth, find the
antenna temperature.

15.1.39 Determine the effective input noise temperature
of a long piece of waveguide (that connects an
antenna to a receiver) with a loss of 3.4 dB at 12
GHz and a physical temperature of 280 K.

*15.1.40 An antenna with an effective noise temperature of
130 K couples through a waveguide that has a loss
of 0.8 dB to a receiver. Find the effective noise
temperature presented by the waveguide output to
the receiver if the waveguide’s physical tempera-
ture is 280 K.

15.1.41 If the antenna and waveguide of Problem 15.1.40
feed a receiver for which BN= 10 MHz, Ga(f 0)=

1012, and T̄R = 300 K, determine the system noise
temperature and Nao at the receiver output.

15.1.42 (a) An amplifier with F0 = 3 or 4.77 dB, f 0 =
4 GHz, and BN = 14 MHz is used with an
antenna for which Ta= 200 K. The connecting
path loss is 1.45, or 1.61 dB at a physical tem-
perature of 250 K. Find the available system
noise power.

(b) If the antennas of Example 15.1.5 are used
with the receiver of part (a), compute the
signal-to-noise ratio.

*15.2.1 Find the number of possible station frequencies in
the AM broadcast system in the United States.

15.2.2 Let a(t) = [1+mAx(t)] and x(t) = cos 2πfmt,
fm << fc, and xc(t) = A(t) cos 2πfct .

(a) With mA= 1, sketch one full period of the AM
wave and draw the envelope by connecting the
positive peaks of xc(t).

(b) Repeat part (a) with mA = 2, and notice that
the carrier is overmodulated and the envelope
does not have the same shape as x(t).

15.2.3 Figure P15.2.3 illustrates a way to generate an
AM wave of the form of Equation (15.2.2), using
a nonlinear device and an appropriate bandpass
filter. Comment on the nature of the BPF to be
used.

15.2.4 If the nonlinear device in Problem 15.2.3 pro-
duces z = ay2, determine how the system must
be augmented to obtain an AM wave in the form
of Equation (15.2.2).

15.2.5 If the message has a spectrum

F(ω) =
{
K cos πω

2Wf
, −Wf ≤ ω ≤ Wf

0, elsewhere

where K and Wf are positive constants, sketch the
spectrum of a standard AM signal that uses the
message. Comment on the physical significance
of K and Wf in the modulation process.

Ac cos 2π fc t

Nonlinear
device BPF

x (t) = Am cos 2π fmt z = y + ay2 xout(t)y
+

Figure P15.2.3
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*15.2.6 In a standard AM system, represented by Equation

(15.2.3), Ac = 200 V,
∣∣∣f 2(t)

∣∣∣1/2 = 50 V, and

Z̄0 = R0 = 50 �. Calculate ηAM, Pc, Pf, and
PAM.

15.2.7 If a standard AM waveform [Equation (15.2.3)]
of 1-kW average power is transmitted by an an-
tenna with an input resistance of 75 �, evaluate
f 2(t), carrier power, and sideband power, given
the efficiency to be 0.1.

15.2.8 In the envelope detector [Figure 15.2.8(a)] of a
standard AM receiver, the product RC is chosen
to satisfy π/ωIF << RC < 1/ωm,max, where
ωm,max/2π = 5 kHz in standard AM and ωIF =
455 kHz. If R = 5000 �, find the value of its
capacitor (by applying a factor of 10 to represent
<<).

15.2.9 In an AM transmitter that transmits a total power
of 1 kW, the unmodulated carrier power is 850
W. Compute the required value of (Si/Ni)AM at a
receiver, if (S0/N0)AM = 2ηAM(Si/Ni)AM must
be 103 for good performance.

15.2.10 At the transmitter in a standard AM system, Pf =
50 W. In the receiver (S0/N0)AM = 250 when
(Si/Ni)AM = 3000. Find the transmitter’s un-
modulated carrier power and the total transmitted
power if (S0/N0)AM = 2ηAM(Si/Ni)AM.

*15.2.11 Determine the image frequency if an AM radio
receiver is tuned to a station at 1030 kHz and has
a high-side local oscillator.

15.2.12 Although the low side is not as good a choice as
the high-side local oscillator frequency, let an AM
broadcast receiver be designed with a low-side
local oscillator. As fc is varied from 540 to 1600
kHz, find the values f LO and f image.

15.2.13 For a DSB system for which f (t) = Am cos ωmt,

ωc = 5ωm, and φc = 0, sketch the transmitted
signal.

15.2.14 One of the many types of product device to pro-
duce suppressed-carrier AM is shown in Figure
P15.2.14. Explain briefly how the device operates.

15.2.15 If the output signal from an AM modulator is given
by u(t) = 5 cos 1800 πt + 20 cos 2000 πt +
5 cos 2200 πt , determine:

(a) The modulating signal m(t) and carrier c(t).

(b) The modulation index.

(c) The ratio of the power in sidebands to the
power in the carrier.

15.2.16 The signal m(t), whose frequency spectrum M(f )
is shown in Figure P15.2.16, is to be transmitted
from one station to another. Let the signal be nor-
malized, i.e.,−1 ≤ m(t) ≤ 1. Find the bandwidth
of the modulated signal:

(a) If USSB (upper single sideband) is employed.

(b) If DSB (double sideband) is employed.

(c) If an AM modulation scheme with a modula-
tion index of 0.8 is used.

(d) If an FM signal with the frequency deviation
constant kf = 60 kHz is used.

*15.2.17 An FM signal, for which f (t)= 2 cos ωmt, is given
by

sFM(t) = 50 cos
{

185π(106)t + π

3

+ 6 sin
[
π(104)t

] }
Determine: Ac,ωc,φc,ωm, kFM, and the modulation
index βFM = �ω/ωm.

15.2.18 A commercial FM station broadcasts a signal with
180-kHz bandwidth when |f (t)|max = 2 V. Find
kFM for the modulator if the spectral extent of f (t)
is 30 kHz, by using Carson’s rule.

T1 T2

Q1

Q3

Q4

Q2

b

d

a

c

f (t) Output
cos ωct

+

Figure P15.2.14
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M(f )

−10,000 10,000
f

Figure P15.2.16

15.2.19 An FM station’s modulator has a sensitivity kFM =
5π × 104 rad/s·V. A receiver uses a discriminator
that has a gain constant of 10−5/π V·s/rad. Ne-
glecting noise, determine the signal at the receiver
output.

15.2.20 A voice message withWf = 2π(3×103) rad/s and
Wrms = 2π(1 × 103) rad/s is transmitted over an
FM broadcast system with standard emphasis. See
Example 15.2.2, and compare the improvements
due to emphasis.

15.2.21 Show that the image frequency for an FM station
does not fall in the range of 88.1–107.9 MHz,
regardless of the choice of high- or low-side local
oscillator.

*15.2.22 Consider the signals given by Equations (15.2.12)
through (15.2.14). Let them be normalized such
that the red, green, and blue signals have a maxi-
mum amplitude of unity. If mI(t) and mQ(t) are the
real and imaginary components of a color vector,
defined by a magnitude [m2

I (t) + m2
Q(t)]

1/2 and
phase tan−1 [−mQ(t)/ml(t)], sketch points cor-
responding to fully saturated R, G, and B colors.

15.2.23 If a television station operates on UHF channel
20 (band 506–512 MHz), determine the station’s
visual-carrier frequency.

15.2.24 For DSB and conventional AM, obtain expres-
sions for the in-phase and quadrature components
xd(t) and xq(t), and envelope and phase v(t) and
φ(t).

15.2.25 The normalized signal xn(t) has a bandwidth of
10 kHz and its power content is 0.5 W, while the
carrier Ac cos 2π fct has a power content of 200 W.
Find the bandwidth and the power content of the
modulated signal, if the modulation scheme is:

(a) Conventional AM with a modulation index

of 0.6 and a transmitted signal of Ac[1+
mAx(t)] cos 2πfct .

(b) DSB SC with a transmitted signal of Acx(t)

cos 2πfct .
(c) SSB with a transmitted signal of Acx(t)

cos 2πfct ∓Acx̄(t) sin 2πfct , where x̄(t) is
a signal with a 90° phase shift in all frequency
components of x(t), and the upper − sign
corresponds to the USSB signal, whereas the
lower+ sign corresponds to the LSSB signal.

(d) FM with kf = 50 kHz.

15.2.26 Let the modulating signal m(t) be a sinusoid of the
form m(t) = cos 2πfmt, fm << fc, and let the
carrier signal be cos(2πfct + φc).

(a) Determine the conventional AM signal, its
upper and lower sidebands, and its spectrum
if the modulation index is α.

(b) Determine the DSB SC AM signal, its up-
per and lower sidebands, and its spectrum for
m(t) = α cos 2πfmt, fm << fc.

(c) Determine the two possible SSB AM signals
and their spectra.

*15.2.27 Let the message signal m(t) = α cos (2πfmt)
be used to either frequency-modulate or phase-
modulate the carrierAc cos(2πfct). Find the mod-
ulated signal in each case.

15.2.28 If an FM signal is given by sFM(t) = 100
cos [2πfct+100

∫ t

−∞ m(τ) dτ ] and m(t) is given
in Figure P15.2.28, sketch the instantaneous fre-
quency as a function of time and determine the
peak frequency deviation.

15.2.29 If m(t) of Figure P15.2.29 is fed into an FM modu-
lator with peak frequency deviation kf= 25 Hz/V,
plot the frequency deviation in hertz and the phase
deviation in radians.
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m(t)

−1

−5

5

0 1 2 . . .

. . .
t

Figure P15.2.28

m(t)

−1

−2

2

1

1 3 4 52 6
t

Figure P15.2.29

15.2.30 An angle-modulated signal has the form u(t) =
100 cos[2πfct+4 sin 2πfmt], where fc=10 MHz
and fm = 1 kHz. Determine the modulation index
βf or βp and the transmitted signal bandwidth,
with BFM = 2(βf +1)fm or BPM = 2(βp+1)fm,

(a) If this is an FM signal.

(b) If this is a PM signal.

15.2.31 Let m1(t) and m2(t) be two message signals, and
let u1(t) and u2(t) be the corresponding modulated
versions.

(a) When the combined message signal m1(t) +
m2(t) DSB modulates a carrier Ac cos 2πfct ,
show that the result is the sum of the two DSB
AM signals u1(t) + u2(t). That is to say, AM
satisfies the superposition principle.

(b) If m1(t)+m2(t) frequency modulates a carrier,
show that the modulated signal is not equal to
u1(t) + u2(t). That is to say, FM does not sat-
isfy the principle of superposition, and angle
modulation is not a linear modulation method.

15.2.32 Figure P15.2.32 shows an FM discriminator. As-
sume the envelope detector to be ideal, with an
infinite input impedance. Choose the values for L
and C if the discriminator is to be employed to
demodulate an FM signal with a carrier frequency
fc = 80 MHz and a peak frequency deviation of 6
MHz.

*15.2.33 Let a message signal m(t) have a bandwidth of 10
kHz and a peak magnitude of 1 V. Estimate the

bandwidth, by using Carson’s rule, of the signal
u(t) obtained when m(t) modulates a carrier with
a peak frequency deviation of:

(a) fd = 10 Hz/V.

(b) 100 Hz/V.

(c) 1000 Hz/V.

15.2.34 The operating frequency range of a superhetero-
dyne FM receiver is 88–108 MHz. The IF and LO
frequencies are so chosen that fIF < fLO. If the
image frequency f ′c must fall outside of the 88–
108-MHz range, determine the minimum needed
f IF and the corresponding range of f LO.

15.2.35 The television audio signal of Figure 15.2.29 is
frequency modulated with �f = 25 kHz and has
Wf

∼= 10 kHz. By using WFM ∼= 2(�ω + 2Wf )

for �ω >> Wf (for wide-band FM), find the
percentage of the channel bandwidth occupied by
the audio signal.

15.2.36 Suppose that a video signal, having W = 5 MHz,
is transmitted via FM with �f = 20 MHz. For
1/100 ≤ B/fc ≤ 1/10, determine the bounds on
the carrier frequency. Use WFM ∼= 2(�ω + 2Wf )

for �ω >> Wf (for wide-band FM).

15.2.37 A TDM signal, like that of Figure 14.2.9(b), is
formed by sampling 5 voice signals at fs= 8 kHz.
The signal is then transmitted via FM on a radio
channel with 400-kHz bandwidth. Estimate the
maximum allowable frequency deviation �f [use
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u(t)

L C

m(t)10 kΩ
Envelope
detector

Figure P15.2.32

Equation (15.2.13) for wide-band FM if �f ≥
2W ).

*15.2.38 A radar system uses pulses of duration D to modu-
late the amplitude of a radio carrier wave. The sys-
tem can distinguish between targets spaced apart
by a distance of d ≥ cD, where c is the velocity
of light. In view of 1/100 ≤ B/fc ≤ 1/10, find
the minimum practical value of fc so that dmin =
30 m.

15.2.39 A TDM signal of the type shown in Figure
14.2.9(b) is formed by sampling M voice signals at
fs = 8 kHz. If the TDM signal then modulates the
amplitude of a 4-MHz carrier for radio transmis-
sion, determine the upper limit on M that satisfies
1/100 ≤ B/fc ≤ 1/10.

*15.3.1 Find the minimum rate of sampling that must be
used to convert the message into digital form:

(a) If an audio message has a spectral extent of 3
kHz.

(b) If a television signal has a spectral extent of
4.5 MHz.

15.3.2 If an analog message that has a spectral extent of
15 kHz is sampled at three times the Nyquist rate,
determine the sampling rate.

15.3.3 The quantum levels of a quantizer are separated
by the step size δv = 0.2 V, with the lowest and
highest levels of−3.3 V and+3.3 V, respectively.
A sequence of message samples is given by−2.15
V, −0.53 V, 0.95 V, 0.17 V, and −0.76 V.

(a) List the quantum levels.

(b) Is the quantizer midriser or midtread?

(c) Find the corresponding sequence of the quan-
tized samples.

(d) Determine the maximum amplitude that a
message can have if the quantizer is not to
be saturated.

15.3.4 When the quantum step size δv and the step size of
f (t) are the same as in Figure 15.3.2, the quantizer
is said to have a gain of unity. If, on the other hand,

the quantizer has a gain of Kq > 1, what does that
imply?

15.3.5 A symmetrically fluctuating message that has a
crest factor KCR = 3 and f 2(t) = 2.25 V2 is
to be quantized such that the signal-to-noise ratio
S0/Nq = 2700. If the quantizer is to use the
smallest number of levels that is a power of 2,
find the following:

(a) The step size v.

(b) The binary number of levels Lb.

(c) The extreme quantum level voltages.

*15.3.6 A quantizer has 130 quantum levels that exactly
span the extremes of a symmetrically fluctuating
message with step size δv = 0.04 V. Determine
the following:

(a) |f (t)|max.

(b) The largest crest factor the message can have
if S0/Nq must be at least 5500.

15.3.7 If a compressor in a system can change a mes-
sage crest factor from 3.2 to 2, while maintaining
its peak amplitude constant, find the decibels of
improvement in signal-to-noise ratio that can be
expected in the system.

15.3.8 Determine the number of bits of a natural binary
encoder that works with the quantizer:

(a) If the extreme levels are ±3.1 V, with a step
size of 0.2 V.

(b) If there are 128 quantum levels with δv =
0.04 V.

15.3.9 A differential encoding scheme converts the orig-
inal sequence of digits, denoted by {bk}, to a new
sequence of digits, denoted by {ak}, by using the
differential encoder shown in Figure P15.3.9. The
output digit in the kth interval is given by ak =
ak−1⊕ bk , where⊕ represents modulo-2 addition
(i.e., 0 ⊕ 0 = 0; 0 ⊕ 1 = 1; 1 ⊕ 0 = 1; and
1⊕1 = 0). The new sequence is used in waveform
formatting. For the input sequence {bk} given be-
low, find the sequences {ak} and {ak−1} by letting
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the initial value of the output be 1. Also, show the
schematic representation of the required decoder
in the receiver.

Input {bk} : 0 1 1 1 0 1 0 0 1 0

1 1 0 0

15.3.10 (a) In the so-called folded binary code of 4 bits,
the leftmost digit represents the sign of an
analog signal’s quantized samples (with 0 for
negative and 1 for positive), and the next three
digits are the natural binary code words for the
magnitude of the quantized samples. Obtain a
table of binary code words.

(b) By letting the digit sequence in part (a) be
b4b3b2b1, which also represents a 4-bit natural
binary code for 16 levels labeled 0 through 15,
obtain the digit sequence g4g3g2g1, where

gk =
{
b4, for k = 4
bk+1 ⊕ bk, for k = 1, 2, 3

which is known as the Gray code. A unique
characteristic of the Gray code is that code
words change in only one digit between ad-
jacent levels. Check the same in your result.
[See Problem 15.3.9 for modulo-2 addition,
represented by ⊕.]

15.3.11 Consider the digit sequence

{bk} = 1 0 0 1 1 1 0 0 1 0

1 1 0 1 1 0 0 0

(a) Sketch the polar and unipolar waveforms for
the sequence. Estimate the probability that a
binary 1 will occur in the next digit interval.

(b) Let {bk} be the input to the differential encoder
of Figure P15.3.9, and

(i) Find {ak} with the initial value 1 of the
output.

(ii) Find {ak} with the initial value 0 of the
output.

(iii) Check whether the original sequence
{bk} is recovered in both cases, when {ak}
of (i) and (ii) is put through a differential
decoder, as shown in Figure P15.3.11.

(c) For the first 10 digits of the sequence {bk}, il-
lustrate the Manchester-formatted waveform.

*15.3.12 An audio message is band-limited to 15 kHz, sam-
pled at twice the Nyquist rate, and encoded by
a 12-bit natural binary code that corresponds to
Lb = 212 = 4096 levels, all of which span the
message’s variations. Find the first-null bandwidth
(given by ωb/2π = 1/Tb) required to support a
polar waveform format. Also, determine the best
possible signal-to-noise ratio S0/Nq with a crest
factor of 3.8.

15.3.13 In Equation (15.3.24), for polar and Manchester
PCM, Eb = A2Tb. Find the noise level N0/2 at the
input to the polar PCM receiver that corresponds
to Pe = 10−5 when A = 6 V and Tb = 0.5 µs.

15.3.14 For a unipolar PCM, the bit-error probability is
given by

Pe = 1

2
erfc
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whereas for polar and Manchester PCM,

Pe = 1

2
erfc
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Figure P15.3.9

+Demodulated
sequence {ak}

Delay Tb

Modulo-2 adder (see Problem 15.3.9)

Recovered
sequence {bk}

Figure P15.3.11
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where Ŝi/Ni is the ratio of the power in the signal
peak amplitude (at the integrator output at the
sample time) to the average noise power at the
same point. For (Ŝi/Ni)PCM = 32 at the sampler,
find Pe for a unipolar and a polar system. In which
system will the bit errors occur more frequently?

15.3.15 For a Manchester PCM system, expressions for Eb

and Pe are given in Problems 15.3.13 and 15.3.14.
Determine:

(a) The minimum value of (Ŝi/Ni)PCM that is
needed to realize Pe = 10−4.

(b) The minimum input-pulse amplitude A re-
quired if Pe = 10−4, N0 = 8 × 10−7 V2/Hz,
and Tb = 0.4 µs.

15.3.16 For polar or Manchester PCM, Equation (15.3.13)
is sometimes expressed as(

S0

N0

)
PCM

= S0/Nq

1+ 22Nb+1 erfc



√√√√1

2

(
Ŝi

Ni

)
PCM




where Ŝi/Ni is the ratio of the power in the signal
peak amplitude (at the integrator output at the

sample time) to the average noise power at the
same point, and Nb is the number of bits in a
natural binary code. In a polar PCM system, with
Nb = 8 and (Ŝi/Ni)PCM = 20, find (S0/N0)PCM

for the message if its crest factor is 3. Assume that
all levels span the variations of the analog mes-
sage. Comment on whether the system is operating
above threshold.

*15.3.17 The expression given in Problem 15.3.16 for
(S0/N0)PCM is plotted for a sinusoidal message in
Figure P15.3.17 to show the performance curves
for a PCM system using a polar waveform.

(a) Comment on the threshold effect.

(b) For the polar system of Problem 15.3.14, with
Nb = 8 and (Ŝi/Ni)PCM = 32, determine
whether the system noise has significant effect
on performance.

15.3.18 Four voice messages, each with 3-kHz bandwidth,
are to be sampled at Nyquist rate, and time-
multiplexed with samples taken at twice the
Nyquist rate from six analog monitoring signals,
each with 0.5-kHz bandwidth. Determine the du-
ration of the frame and suggest a sampling scheme
indicating the timing of samples.
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15.3.19 By a simple time multiplexing of natural samples
over a single line, a large radar site transmits 85
analog signals, each with 200-Hz bandwidth. If
the sampling is done at twice the Nyquist rate, one
time slot is used for synchronization, and the guard
time τg = 2τ , find the duration τ of the pulse.

15.3.20 Sketch an ASK signal for the binary sequence 1 0
1 1 0 0 1 0 0 1 if ωc = 3ωb = 6π/Tb.

15.3.21 In Equation (15.3.24), for coherent ASK, Eb =
A2Tb/4, with A = 2.2 V, Tb = 2.6 µs, and
N0 = 2×10−7 V2/Hz, find Pe for a coherent ASK
system. Also, find Eb for a 1-� impedance.

*15.3.22 In Figure 15.3.14, when the pulse of a carrier of
amplitude A during 0 < t ≤ Tb arrives at point
R, show that D ∼= A2Tb/4 at time Tb if noise is
neglected and ωcTb >> 1.

15.3.23 If Eb/N0 = 20 in a coherent ASK system, find the
value of Eb/N0 that is needed in a noncoherent
ASK system to yield the same value of Pe as the
coherent system.

15.3.24 To have the same value of Pe, show that Eb/N0 in
a coherent-ASK system has to be twice that in a
coherent PSK system.

15.3.25 In a DPSK system, when the received pulses are
2 V in amplitude, Pe = 3 × 10−4. If the pulse

amplitude increases such that Pe = 2×10−6, find
the new amplitude.

15.3.26 Consider Figure 15.3.19, in which the receiver
becomes two coherent ASK receivers in parallel.
Justify why the difference, rather than the sum,
occurs.

15.3.27 Consider Figure 15.3.19, in which the input FSK
pulse at point R is given by sR(t) = A cos(ω2t +
φ2), 0 < t < Tb, and zero elsewhere in t, when
the bit interval corresponds to a 1.

(a) Compute the outputs from the two integrators.

(b) If sR(t) changes in frequency and phase to ω1

andφ1, respectively, show that the two outputs
of part (a) are reversed. (Assume ωcTb >> 1,
and make suitable approximations.)

*15.3.28 Apply Equation (15.3.24) for various digital com-
munication systems with Eb/N0 = 12, and using
PSK as the reference, compare their performances.

15.3.29 A communication system for a voice-band (3 kHz)
channel is designed for a received SNR Eb/N0 at
the detector of 30 dB when the transmitter power is
Ps = −3 dBW. Find the value of Ps if it is desired
to increase the bandwidth of the system to 10 kHz,
while maintaining the same SNR at the detector.




